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This, my final issue as Editor of the JouRNAL OF THE 
Aupio ENGINEERING Soctety, terminates an association of 
more than three and a half years. 


I wish to thank the members of the Publications Com- 
mittee and the various other people in the Society who have 
helped in the complicated and exacting task of trying to 
make the JourNat a top-flight scientific and technical 
publication. 


Also, my sincere appreciation to the staff of Thomas J. 
Griffiths Sons, Inc., printers of the JouRNAL, for patience, 


fortitude, and conscientious craftsmanship. 


Julius Postal 
Editor 
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Development of a New Flight-Deck Loudspeaker for U.S. Navy 
Aircraft Carriers” 


P. J. DENSBERGER 


Bureau of Ships, Navy Department, Washington, D.C. 


NE OF THE key communications systems installed in 
all U. S. Navy aircraft carriers is the Flight Deck 
Announcing System. This announcing system is used to 
make voice announcements to personnel in aircraft and to 
personnel handling aircraft on the flight deck. The system 
includes facilities for generating alarm signals, which are 
used to warn flight-deck personnel of possible collisions or 
flight crashes. On occasion, the announcing system is used 
for special ceremonies held on the flight deck. The neces- 
sary microphones and alarm contact makers are installed 
in the key flight-control stations high on the island struc- 
ture and in the flight deck control station located in the 
island just off the flight deck. The officers in charge of 
flight operations are stationed in these locations. The am- 
plifying equipment is located below decks, usually just 
below the flight deck, in order to make cable runs to the 
microphone stations and the loudspeakers as short as possi- 
ble. 
In all carriers built prior to the U.S.S. Forrestal class, 
the sound-distributing system has consisted of high-power 


* Presented at the Eighth Annual Convention of the Audio Engi- 
neering Society, New York, September 26-29, 1956. 
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loudspeakers mounted on the island structure only. In 
these carriers, the practice has been to direct the sound 
output from these speakers downward toward the main 
focal points of activity on the flight deck, such as the 
catapult-launching areas and the aircraft elevators. The 
highly directional characteristics of the loudspeakers used 
provide in effect, “spotlight” coverage of the deck. For 
stability reasons and lack of suitable space on the island 
structure, only a limited number of loudspeakers can be 
used. The result is good coverage in the spotlight areas, 
but marginal or poor coverage at other points. 

Approximately seven loudspeakers are installed in a CVA 
class carrier. A typical loudspeaker used in this class is 
the BF type. It consists of 16 driver units arranged in a 
four-by-four array. It weighs approximately 500 Ib and 
requires 480 watts of audio power to produce an on-axis 
sound pressure of 123 db at a distance of 30 ft. The physi- 
cal dimensions are 44 in. square by 14 in. deep. The fre- 
quency band covered falls between 600 and 3500 cps. 

A new problem in sound distribution was introduced when 
the Navy announced its plans to construct a new and larger 


class of aircraft carrier, the U.S.S. Forrestal class. Some 
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idea of the enormous size of these ships may be obtained 
from Fig. 1, which is an air view of the U.S.S. Forrestal 


oe. as ee Rien: 


Fic. 1. 
size of ships of this class posed new problems in sound distribution. 


The U.S. Forrestal under way, air view. The enormous 


under way. Its flight deck area is 176,324 sq. ft, which is 
approximately twice the area of a CVA9-class carrier flight 
deck. The Navy’s sound engineers felt that the spotlight 
method of sound distribution previously employed would 
be unsatisfactory on the U.S.S. Forrestal’s expansive flight 
deck. The idea of fiooding the flight deck with sound by 
placing a large number of loudspeakers around the edge of 
the flight deck and on the island structure appeared to be 
the only satisfactory solution. The problem then became 
one of determining the optimum physical, electrical, and 
acoustical characteristics of a loudspeaker suitable for this 
purpose. 

A study of available noise data indicated that a uniform 
sound level of 110 db over the entire flight deck would be 
suitable for most conditions, but not during the takeoff of 
aircraft, since noise levels at that time far exceed 110 db. 
In fact, the noise levels in the vicinity of the launching 
sites during takeoff exceed 140 db. This would result in 
the complete masking of the audio signals. Different types 
of audio communications systems for service under these 
conditions are currently under investigation by the Navy. 

With the sound-flooding approach in mind, the design 
objectives of a new loudspeaker system were formulated 
and incorporated into a development contract specification. 
In essence, the specification called for studies to determine 
the most efficient loudspeaker system capable of providing 
a uniform sound level of 110 db and possessing optimum 
frequency-response characteristics for maximum voice in- 
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telligibility on the flight deck of the U.S.S. Forrestal. The 
optimum design was to take into account the following 
factors: 

1. Size, weight, number, and configuration of loudspeaker 
components consistent with ruggedness requirements for 
shipboard use. 

2. The audio-input power required and the manner of 
distribution of this power to the loudspeaker system. 

3. The length of cable runs and the number required. 

4. Size of the flight deck. 

5. A method of installation without jeopardy to flight 
operations. 

6. Ease of servicing and reliability. 

Other requirements of the development contract called 
for the construction and test of working models, in accord- 
ance with the basic design objectives outlined above and 
in accordance with Specification MIL-A20222, which cov- 
ers the design requirements for the Navy’s battle-announc- 
ing equipment. Probably the most formidable design re- 
quirements of this specification are those concerning rugged- 
ness. To give a better idea of the problem confronting the 
loudspeaker designer, some of the details which formed part 
of the design requirements of the IC /SGI loudspeaker will 
be cited: For example, under the heading of ruggedness, 
the loudspeaker was expected to withstand the effects of 
gunblast, high impact shock, salt spray, vibration, water 
splash, extreme temperature and humidity conditions. 

The following physical limitations were prescribed: 

The loudspeaker was to be limited to a height of 6 in., 
a width of 30 in., and a depth of 12 in. Weight was not 
to exceed 65 lb. 

On the basis of these requirements, a contract was 
awarded and experimental work started by the contractor. 
The data obtained were used to develop the final loud- 
speaker. 

The first phase of the study began with the static tests 
aboard the CVAI5 to determine the feasibility of the new 
sound-distribution concept and to secure data on optimum 
spacing. Commercial speakers of the compound-horn type 
were used. With the loudspeakers spaced 20 ft apart along 
opposite edges of the deck where it was about 100 ft wide, 
a sound level of 102 db was obtained, using 10 watts of 
825 to 1250-cps warbletone signal in each speaker. The 
greatest spacing between groups of horns that yielded good 
results was 40 ft. 

The above data indicated that if loudspeakers having 
the efficiency characteristics and polar pattern of the proto- 
type speakers were used with 80 watts of audio power de- 
livered to groups of units spaced 40 ft apart, a sound level 
of 108 db would be obtained in the middle of a deck 100 
ft wide. This was 2 db below the objective but, then, the 
units used in the tests had only 8 oz magnets. It was felt 
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that the desired level could be obtained by using driver 
units with heavier magnets. The tests indicated that the 
new proposed sound-distribution system could reasonably 
be expected to provide much better coverage than the 
existing system. 

The next phase of experimental work was started to 
determine the optimum loudspeaker design. The compound- 
horn type of loudspeaker was chosen, because it was felt 
that this type of loudspeaker would provide superior high- 
frequency response and dispersion. 

A compound-horn loudspeaker consists of two horns 
driven from opposite sides of a single diaphragm. Each 
horn is designed for optimum reproduction of a particular 
band of frequencies. Since, in a compound horn, both 
sides of the diaphragm are exposed to the outside atmos- 
phere, such a horn may be considered inherently blastproof 
and therefore does not require blast valves. A driver unit 
was constructed with metal plugs spaced about 0.030 in. 
from each side of the diaphragm. The front plug was the 
regular loading used in this driver unit to improve high- 
frequency response, and the rear plug had passages to per- 
mit the free flow of air. Both plugs were coated with 
machinist’s blue transfer compound so that, if the dia- 
phragm touched either plug, a mark would be made on it. 
This driver was then subjected to a series of blast tests. 
After repeated blasts, the driver unit was disassembled, and 
the diaphragm was inspected. There was no indication that 
the diaphragm had touched either plug. 
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Other experimental work was conducted to determine 
optimum magnet size in terms of weight, efficiency, and 
size of the voice coil. A series of tests of various magnetic 
structures indicated little increase in efficiency when mag- 
nets heavier than 12 oz (Alnico V) were used. Therefore, 
the 12-oz magnet was chosen. Due to the dimensional 
limitations imposed by the Specification and the space allot- 
ment required for the magnet structure, a 2-in. voice coil 
with nominal impedance of 16 ohms was decided upon. 
The weight of the complete driver unit as built was 4 lb. 
Tests of its power handling capacity indicated that it should 
be rated at 20 watts. 

The IC/SGI-1 loudspeaker was designed with 4 driver 
units in order to handle 80 watts. Each driver unit has 
its own high-frequency horn coupled to the front of the 
diaphragm; the backs of the diaphragms are coupled to 
the low-frequency horns. The 2 driver units are coupled 
to each low-frequency horn, so that there are actually 4 
high-frequency horns and 2 low-frequency horns in each 
loudspeaker assembly. The crossover point is 1000 cps. 
Since the low-frequency horn is folded, the long air-column 
length permits the use of a 200-cps taper. 

Briefly, the principle of operation of the compound-horn 
speaker is as follows: The low-frequency horn is coupled 
to the diaphragm through a volume of air behind the dia- 
phragm and a hole through the center pole-piece of the 
magnetic structure. The high-frequency horn is coupled 
to the diaphragm through a volume of air on the opposite 


Fic. 2. An exploded view of the IC/SGI-1 loudspeaker 
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side of the diaphragm. When reproducing frequencies 
lower than the low-frequency cutoff (1000 cps) of the high- 
frequency horn, the diaphragm is loaded with the low- 
frequency horn only. Above 1000 cps, the diaphragm is 
loaded with the high-frequency horn only. The diaphragm 
is effectively decoupled from the low-frequency horn by 
proper selection of the cavity volume feeding the low-fre- 
quency horn. This arrangement gives the effect of a dual 
system which distributes to each horn only that portion of 
the audible spectrum which the particular horn can best 
produce. 

Figure 2 is an exploded view of the IC/SGI-1 loud- 
speaker and gives an idea of the ease with which the unit 
can be disassembled. As mentioned above, ease of servic- 
ing was one of the design objectives. A complete driver 
unit can be taken out in a matter of minutes by removing 
the screws of the protective grill, the 8 mounting bolts 
which secure the driver to the housing, and the 2 voice 
coil leads. 


Be — 
Fic. 3. Interior view of the IC/SGI-1 loudspeaker. 


Figure 3 is another view of the IC/SGI-1 loudspeaker 
and affords an idea of the relative mouth area of the low- 
and high-frequency horns. 

Figure 4 shows the contour of the horn and the terminal 
transformer box. 

With exception of the magnetic structure, construction 
is of completely non-corrosive materials. To reduce weight, 
the large horns are made from glass-reinforced polyester 
resin, since this material can be molded to the irregular 
shape required, combines great strength with light weight, 
and is non-corrosive. The high-frequency horns are made 
of aluminum, the base plate of brass, and the protective 
grille and high-frequency horn screen of monel. All other 
hardware and construction metals are either brass, bronze, 
zinc, or monel. 

Connection of the loudspeaker to ship’s wiring is made 
at a terminal strip located in a watertight box mounted 
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Fic. 4. Front and rear views of the IC/SGI-1 loudspeaker. The 
contours of the horn and the terminal transformer box are shown. 


on the rear of the loudspeaker (Fig. 3). A line transformer 
and terminal facilities for internal connection of the driver 
units to the transformer are also located in this box. 

The line transformer is an auto transformer designed to 
operate from either a 70-volt or 95-volt line. It is tapped 
to provide four 16-ohm windings, each of which is con- 
nected to a driver unit. Since each driver unit is rated 
at 20 watts, the voltage developed across each winding 
must be in the order of 18 volts. 

Prior to approval for production, the contract required 
that model loudspeakers be evaluated, with respect to the 
design objectives and requirements of the contract speci- 
fication, at the Material Laboratory, Naval Shipyard, New 
York. The evaluation report indicated that the IC/SGI-1 
Loudspeaker had met the design objectives and require- 
ments of the Specification and was suitable for use on the 
flight decks of U. S. Navy aircraft carriers. The following 
are some of the acoustical performance data obtained with 
the loudspeaker mounted on a 4 ft < 8 ft plyboard to simu- 
late the effect of the flight deck. 

Figure 5 is the on-axis frequency response of the loud- 
speaker. The response between 300 and 10,000 cps is flat 
within +5 db. The response is somewhat peaked between 
1000 and 2500 cps; this is desirable as far as voice intelli- 
gibility is concerned, since the frequencies in this range are 
essential for good articulation. 

Figure 6 shows the response pattern of the loudspeaker 
in the horizontal plane. The sound distribution is plotted 
for the three warble-frequency bands indicated. At the 
lower frequencies, the response is essentially omnidirec- 
tional, while at the middle and higher frequencies the re- 
sponse becomes more directional. 
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Figure 7 shows the response pattern of the loudspeaker 
in the vertical plane for the three warble-frequency bands 
indicated. As in the horizontal plane, the response becomes 
more directional as frequency increases. 

The evaluation indicated that the loudspeaker behaved 
as a line radiator, and when used in a simulated infinite 
line, as intended on a flight deck, should provide results 
close to the design objectives of the Specification. It may 
be said that the deck acts as a continuation of the horns, 
effectively increasing the mouth size of both the low- 
frequency and high-frequency horns and the loading of 
each. 

Figures 8 and 9 show the loudspeakers installed on the 
island structure and on the flight deck of the U.S.S. For- 
restal. Spacing between the loudspeakers on the flight 
deck is approximately 30 ft. The speakers on the island 
are mounted at a height of 15 ft and are more closely 
spaced to provide the greatest possible sound level in the 
launching and recovery areas, which are at the widest 
points on the flight deck. 

A total of 84 loudspeakers are used in the installation. 

The ship’s cables which supply the audio power to the 
loudspeakers are segregated, so that loss of sound coverage 
can be restricted to a relatively small area in the event of 
damage to cables or the loudspeakers. 


RELATIVE RESPONSE (db) 


FREQUENCY IN CYCLES PER SECOND 
Fic. 5. The on-axis frequency response of the IC/SGI-1 loudspeaker. 


Switches located on the control rack provide means of 
disconnecting groups of speakers from their associated 
amplifiers for damage-control purposes and in order to 
limit announcements, at will, to local areas of the flight 
deck for special ceremonies and for other occasions. 

Six IC/BMA amplifier racks, each of which contains 
two-500 watt power amplifiers, provide the audio power to 
drive the 84 loudspeakers. 

The microphone preamplifiers, alarm-signal generators, 
test oscillator, group-switching controls and test facilities 
are located in a separate rack designated IC /EAE. 

Figure 10 shows the flight deck announcing system 
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go0-i250"  " 
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Fic. 6. Directional response pattern of the IC/SGI-1 loudspeaker 
in the horizontal plane for the three warble-frequency bands indi- 
cated. 
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Fic. 7. Directional response of the IC/SGI-1 loudspeaker in the 
vertical plans for the three warble-frequency bands indicated. 
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DEVELOPMENT OF A NEW FLIGHT-DECK LOUDSPEAKER 
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i 
Fic. 8. The circles indicate loudspeakers installed on the island structure in order to be clear 
of operating aircraft and personnel. These speakers are mounted at a height of 15 ft. 
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Fic. 9. Locations of loudspeakers installed at the flight-deck edges are indicated by circles. The 
spacing between these speakers is approximately 30 ft. 
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amplifier room. The racks on the left are the power am- 
plifiers. The IC/EAE control rack is located at the far 
end of the room. 


CONCLUSION 


Evaluation of the flight-deck announcing system aboard 


the U.S.S. Forrestal indicates that the new concept in sound 
distribution, made possible by the development of the 
IC/SGI-1 loudspeaker, is far superior to all earlier systems 
in use. Employing the experience to be gained with the 
new system as a guide, efforts will be directed in the future 
toward improving sound coverage in earlier classes of air- 
craft carriers. 


Fic. 10. The flight-deck announcing system amplifier room. The 
racks on the left are the power amplifiers. The IC/EAE control rack 
is located at the far end of the room. 
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Some Thoughts on Evaluating Audio Components for the Consumer” 


Jutian D. Hirscu AND Mitton WEIss 
The Audio League, Mount Vernon, New York 


From time to time, the Journat will publish papers in the highly controversial and explosive 
area of consumer problems, product ratings and evaluation, proposed criteria for test procedures, 
etc. What is intended is a sort of continuing symposium. 

Letters from readers and/or manuscripts, both pro and con, are welcome and will be considered 


for possible publication in the JourRNAL. 


a a high-fidelity system today is often a 

difficult and confusing task.- Magazine ads and dis- 
tributors’ catalogs reveal a bewildering array of components, 
with considerable competition among manufacturers in 
price, styling, and performance claims. The audio hobby- 
ist, who is assumed to be an intelligent layman, can get 
advice and guidance from the manufacturer, the dealer, or 
from consumer reporting services. The manufacturer fre- 
quently can and will supply reliable information about his 
own product. He cannot, however, be expected to evaluate 
the standing of his product with respect to those of his 
competitors. He may—and probably does—know what this 
standing is, but naturally will not reveal all he knows to a 
potential customer unless he, the manufacturer, happens 
to make an unquestionably superior product at the lowest 
price in the market place. Unfortunately, not everyone can 
be in first place, and a higher-quality product often costs 
more than the “market average.” 


THE DEALER’S SITUATION 


Dealers are in a unique position to render a service which 
all too few of them do. They are in a position to know, 
possibly better than anyone else, the service problems pecu- 
liar to each item, and the policy of its manufacturer in 
handling repair and service complaints. This is one of the 


* Presented at the Seventh Annual Convention of the Audio Engi- 
neering Society, New York, October 12-15, 1955. 


most important, and most intangible factors in evaluating 
components intended for home music systems. Almost any 
tuner, amplifier, or record player is likely to require some 
service or adjustment, either initially or after a period of 
use. Often this is performed by the dealer, who usually 
corrects the simpler cases and refers the more serious ones 
to the manufacturer. If a varticular item requires an ex- 
cessive amount of service, uv. if a manufacturer does not 
back up his product adequately, with an effective repair 
and replacement policy that quickly corrects those few 
failures that do occur, the dealer will quite rightly be re- 
luctant to recommend and sell the item in question. 

It should be borne in mind that independent consumer 
testing services are, in general, not in a position to evaluate 
the reliability of audio components except by inference from 
their general construction and from evidences of good de- 
sign, both electrical and mechanical. 

Unfortunately, the dealer, being human, is subject to all 
the prejudices common to the “hi-fi” field. All too often, 
his recommendations merely reflect his personal tastes, and 
he is only too prone to quote the manufacturer’s perform- 
ance claims as if they were gospel. On the other hand, if 
a certain manufacturer allows the dealer a relatively small 
mark-up, or has business policies which the dealer dislikes, 
the latter may “soft-pedal” or “talk-down” the sale of such 
products, even though they may be excellent from a user’s 
standpoint. The authors are convinced that the average 
hi-fi dealer cannot be depended on unequivocally for a full, 
accurate, impartial, and objective appraisal of a piece of 
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equipment as it is to be used. 


CONSUMER ORGANIZATIONS 

Testing, evaluating, and reporting services are needed to 
guide the consumer in his selection of system components. 
The large consumer organizations have not heretofore ex- 
pended the equivalent time, effort, and editorial space on 
their audio-equipment reports that they have on food, 
clothing, household products, and automobiles. This is 
understandable; the consumer organizations must serve the 
needs of extremely large and diversified memberships whose 
primary interest is in products other than audio equipment. 
Further, the technical language (and jargon) used by engi- 
neers and hobbyists is foreign to the majority of consumer 
organization subscribers. 

The present writers feel that the product ratings of the 
large consumer organizations are sometimes quite arbitrary 
or are based on criteria whose validity has not always been 
demonstrated. On the other hand, these organizations have 
ample funds with which they can, or could, support staffs 
of competent engineers and a laboratory (or laboratories) 
equipped with excellent test equipment. On the whole, 


however, the demand for detailed evaluations of audio 
equipment is not sufficient to warrant more than infrequent 
reports to their membership. 

A consumer reporting service for the audio hobbyist 


should provide him with sufficient information so that he 
can make his own decisions. Any attempt by the reporting 
service to make arbitrary distinctions between competing 
products, unless one is clearly superior, is unfair to both 
the manufacturer and the consumer. The prospective pur- 
chaser should be warned of inferior products, told of out- 
standing ones, and in all cases should be advised of how 
closely measured performance approaches advertised claims. 

In addition, the purchaser should be advised as to which 
features are really important or desirable and which are of 
little significance or actually undesirable. In general, audio 
components cannot be rated in an absolute one, two, three 
order of “best” performance unrelated to particular circum- 
stances. Nevertheless, in the writers’ opinion, there are 
“best buys” and these can and should be reported. 

It is our belief that a program of general education for 
the consumer, to enable him to sift the wheat from the 
chaff of advertising claims, is more important than detailed 
laboratory reports on a multitude of different kinds of 


equipment, which may leave the reader more confused than 
when he started. 


THE PAUCITY OF NATIONALLY APPROVED STANDARDS 

The situation is complicated by the fact that there are 
too few industry-wide standards, approved through the 
American Standards Association, for rating the performance 
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of audio equipment. True, the Audio Engineering Society 
and several other technical societies, as well as trade asso- 
ciations, have published standards; unfortunately, many of 
these have not been submitted to the ASA and are there- 
fore ignored by a large segment of the industry. As a re- 
sult, it is difficult for a buyer to compare manufacturers’ 
published ratings on competitive items because they may 
not have been measured in the same manner. 


FM TUNERS 

A typical example is the case of FM tuner ratings. The 
Institute of Radio Engineers has established standards for 
measurement of FM tuner sensitivity. Most manufacturers, 
for obvious reasons, rate their receivers by a different 
method which makes them appear to have twice the sensi- 
tivity that would be indicated by the IRE method. In 
itself, this is not too serious, but it tends to penalize those 
few manufacturers who do adhere to IRE standard methods 
of rating receivers and makes the task of a consumer testing 
service more difficult, because the data on the method which 
has been used in a particular case is often obscure. When, 
as frequently happens, the sensitivity of an FM tuner is 
found to be about one-half the advertised value, there is 
no way to determine if this is due to a difference in meas- 
uring techniques or to an exaggerated or improper claim. 

The need for standards which are accepted at the na- 
tional level and used by the entire industry—by manufac- 
turers and by users alike—should be obvious. Fortunately, 
there are signs of a trend in this direction, and before too 
long, we may see the end of certain chaotic practices. 


SOME QUESTIONS FOR THE CONSUMER 

A person planning an audio system should ask himself 
the following questions: First, what type of components 
suit my specific requirements? Second, which make and 
model of each component shall I buy? Third, how should 
I budget my total expenditure to get “the best sound for 
the money”? Fourth, how can I best allow for future im- 
provements in my system? No doubt there are many other 
considerations, but these represent immediate and major 
decisions confronting the consumer. 

Let us examine these problems in more detail. 
components are really needed? Is it necessary to have an 
AM-FM tuner? If one lives in a metropolitan center, most 
network and good music programs are available on FM. 
How many audio enthusiasts know that their favorite FM 
stations, in all probability, have signal strengths of hun- 
dreds or even thousands of microvolts? It is rarely indeed 
that the full sensitivity of a 5-microvolt FM receiver is 
needed. This is most fortunate, since it is equally rare 
that an FM tuner possesses this sensitivity, in spite of what 
one reads in the catalogs. 
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EVALUATING AUDIO COMPONENTS FOR THE CONSUMER 


Of course, a rural listener, 50 miles or more from the 
nearest FM station, truly needs such a sensitive receiver. 
His problem is to discover which receivers deliver their 
claimed performance. The real problem of the city dweller 
is more likely to be adjacent channel selectivity. A very 
high order of IF (intermediate frequency) selectivity is 
frequently required in areas such as New York. In prac- 
tice, a receiver with superior selectivity is likely to have 
high sensitivity. To a lesser extent, the reverse is also true. 
These sets are usually complex and expensive. 

There are a number of low-priced tuners (and the same 
applies to all the other categories of audio equipment) 
which claim performance essentially equivalent to some of 
the most expensive units. The consumer must be made 
aware that, in general, there are no short cuts to top qual- 
ity. One gets what one pays for—seldom more, frequently 
less. Since some better-grade FM tuners sell for substan- 
tially less than the price of many AM-FM tuners of lesser 
quality, the listener who can dispense with the AM feature 
can effect a real economy without compromising on per- 
formance. 

We do not intend to convey the impression that the most 
expensive equipment is necessary for listening satisfaction. 
The same principles apply to the selection of the lower- 
priced tuners. In most urban locations, we consider the 


latter to be adequate with respect to sensitivity and selec- 
tivity, and the general use of AFC (automatic frequency 


control) helps to make tuning much less awkward than in 
former years. In the opinion of the writers, the disparity 
between claims and actual performance is likely to be 
greater in the lower price ranges than among the more 
expensive units. 


RECORD PLAYERS 

In the record-playing department, we find two basic types 
of systems in use—record changers and separate turntables 
and arms. Many persons have the mistaken impression 
that if they use a record changer, they will not have to get 
up and change or turn over a record every 20 or 30 minutes. 
It is important for the consumer to analyze his own listen- 
ing habits. If he listens to a great deal of popular music, 
or has a 78-rpm record collection, a changer is a genuine 
convenience, if not a necessity. If he is mainly interested 
in classical music, and has few or no 78-rpm discs, we be- 
lieve he would be well advised to buy one of the several 
manual players on the market, or a good turntable and 
separate arm. The manual players give essentially the 
same performance as the corresponding record changers, 
but not having the complex changing mechanism, they are 
simpler in construction and may be less expensive and also 
less likely to give trouble. By spending slightly more than 
the price of a good changer, the consumer can have his 


choice of several excellent multispeed turntables, plus any 
of a number of good arms. In the absence of better infor- 
mation, a good criterion for arm selection is to follow the 
recommendation of the cartridge manufacturer. 


Turntable Noise versus Ambient Noise 

There is a large price differential between the lower cost 
turntables and the more expensive models with hysteresis 
motors or other design features which effect considerable 
reduction in noise levels. The beginner in audio rarely in- 
vests in such turntables, but eventually he will begin to 
wonder if his record reproduction could not be improved 
materially by using a more elaborate turntable. The con- 
sumer should realize that the ambient noise level in his 
home (if it is an average home) is likely to be 50 db. Even 
at high volume, the average listening level is not likely to 
exceed 85 or 90 db. 

This would suggest that a turntable whose noise level is 
35 to 40 db below the average recording level would be 
adequate for home use, and this is generally true. In fact, 
the situation is even better than the numerical data would 
tend to indicate. The Fletcher-Munson equal-loudness con- 
tours show that 30- and 60-cycle rumble components would 
have to be present at a 70 to 80 db level in order to sound 
as loud as the 50-db background level. This suggests that 
even a 15- to 20-db signal-to-rumble ratio might be tol- 
erable to a non-critical listener; this is confirmed by the 
widespread use of record changers whose noise levels are 
frequently no better than 20 db below average signal levels. 


AMPLIFIERS 

It is felt by many that the component which has reached 
the highest degree of development, relatively speaking, 
among audio components, is the amplifier. The differences 
among some competing makes are so small that the skills 
of their respective advertising departments are taxed to the 
utmost in attempting to distinguish between them and con- 
vince the prospective buyer that the product advertised is 
the logical choice. It is important that the consumer be 
aware that, with many loudspeakers, it is usually impossi- 
ble to hear any difference between any of the better makes 
of power amplifiers in an A-B comparison, i.e., an A-B 
test using the same loudspeaker and input equipment but 
switching amplifiers. This is not to say that there are no 
differences; such as there are will generally be with respect 
to the quality of components and how conservatively they 
are operated. 


Amplifier Reliability 
We have seen popular amplifiers of excellent performance 
whose output-tube plates glow a dull red. Such designs, 
in which most components are operated at, or beyond, their 
full ratings, are not likely to give years of trouble-free 
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service. It may, therefore, be wiser to spend a little more 
for an amplifier of possibly lower power rating and more 
conservative design. A consumer evaluation service should 
study products for design weaknesses which may adversely 
affect their reliability and give this factor appropriate 
weight in its ratings. 


Ease of Servicing 

Ease of servicing should also be considered. A product 
which is difficult to repair may prove to be a costly invest- 
ment. In general, the less crowded and cluttered an am- 
plifier (or other piece of equipment) is, the easier it will 
be to service. As for printed circuitry, it may look decep- 
tively simple, but may require special servicing techniques 
when individual parts are replaced. 


PREAMPLIFIERS AND EQUALIZATION 

The writers believe that most of the presumably audible 
differences between amplifiers arise in their preamplifier 
sections. If all preamplifiers were equalized identically, 
this condition would not exist. Most of them have switch 
positions marked RIAA,+ AES, and LP, plus a varying 
number of undefined characteristics presumably intended 
for equalization of certain foreign records. Considering the 


extremely limited number of such discs, mostly in the hands 
of a few collectors, it is surprising to find even the lowest- 
priced amplifiers devoting one or more switch positions to 


these esoteric recording characteristics. 

Some of the more elaborate preamplifiers provide as many 
as 36 possible equalization curves. Most of these are of 
academic interest only, never having been used in wide- 
spread commercial recording. The customer pays hand- 
somely for the privilege of being able to select his record 
equalization from this multitude of possibilities instead of 
from the two or three he might actually need. 

The joker in this whole situation is the fact that com- 
ponent tolerances in equalization networks frequently wipe 
out whatever little significance the panel markings might 
have had. It is a common occurrence to find that no dif- 
ference can be heard by the listener between two presum- 
ably different equalization settings. 

Worse yet, measurements made by the writers on some 
highly popular preamplifiers have shown such remarkable 
things as an AES characteristic with more high frequency 
rolloff than the LP characteristic, and so forth. The ulti- 
mate in this sort of thing was found in a rather popular unit 
which omitted any high frequency rolloff, and whose turn- 
over frequencies were somewhat random, due to broad toler- 
ances in the equalization circuits. This masterpiece offered 
several switch positions, encouragingly marked with the 
usual symbols, all of which yielded essentially the same 
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characteristics—wrong for all records! 

While the cases just described are certainly not repre- 
sentative of the entire market, the problem is nevertheless 
a serious one. An evaluation of a preamplifier must indi- 
cate its degree of deviation from prescribed equalization 
curves, at least for the more popular recording character- 
istics. A deviation of less than +2 db, from 30 to 15,000 
cps, is a reasonable value, and many preamplifiers meet or 
surpass this standard. The more switch positions offered, 
the greater is the likelihood that the characteristics offered 
by adjacent switch positions will overlap or be so similar 
to each other as to be indistinguishable by the ear. 

Apparently, competition requires a preamplifier to offer 
all this switching complexity. We look forward to the day 
when some courageous—and possibly foolhardy—manufac- 
turer will offer a high-performance preamplifier with two 
or three accurate equalization characteristics. In the opin- 
ion of the authors, the old Columbia LP, the old AES and 
the RIAA characteristics should suffice; perhaps even only 
the RIAA characteristic would do. Such a preamplifier 
could undersel! competing products and would probably 
outperform them. 


TONE CONTROLS 

Traditionally, a music-reproducing system must have a 
tone control. In the days of 78-rpm records, some means 
of reducing record scratch was needed. Bass-boost circuits 
were often used to compensate for inadequate speaker sys- 
tems and inadequate phonograph pickups. Today, even the 
least expensive speaker systems and pickups are far superior 
to those often found in prewar radio-phonographs. The 
writers feel that bass-boost circuits, at least of the type 
commonly used, are not needed with modern equipment. 
The LP record has pretty weil taken care of the scratch 
problem. Why must one pay the considerable extra cost 
of tone controls which are almost never used? It is possi- 
ble to buy excellent phonograph preamplifiers without tone 
controls at an enormous saving. Unfortunately, few people 
realize how little these controls are needed until after they 
have assembled their systems and discovered that the tone- 
control knobs are not touched from one week to the next. 
Under some conditions, a low pass, sharp-cutoff filter may 
be desirable, but the ordinary tone control is useless for 
this purpose. 


HIGH POWER OR LOW POWER? 

Many learned papers have been written to prove that a 
power output of at least 50 to 100 watts is needed to re- 
produce orchestral music realistically in the home. Have 
any of these authors actually tried playing LP records of 
unusually wide dynamic range and measuring the peak 
power delivered to the speaker at home listening levels? 
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Our own investigations have convinced us that peaks of 
more than 20 watts are not likely ever to be encountered 
with speakers of average efficiency. Recent measurements 
by the authors in an average-sized living room, using a 
speaker system of unusually low efficiency, showed average 
power levels of much less than 100 milliwatts, with instan- 
taneous peaks rarely exceeding one or two watts. Even so, 
the sound level was too high to permit any conversation to 
be carried on in the room comfortably. 

We feel that having a high-powered amplifier in a home 
music system is like having 250 horsepower under the hood 
of one’s car. It feels nice to have it there, it probably 
won’t do any harm if properly used, and it is quite unnec- 
essary. The consumer needs competent advice based on 
tests made under actual home listening conditions rather 
than in auditoriums or sound demonstration rooms. 


PICKUPS 

Like loudspeakers, pickups are difficult to evaluate and 
test in a meaningful way. Each pickup must be measured 
by playing a calibrated test record with it, but there is, 
as yet, no industry-wide standardization of test records. 
Each manufacturer is free to use the record which favors 
his pickup, which is fine for him but does not help anyone 
attempting to compare the performance of competitive 
pickups. 


Styli 

The authors favor diamond styli. Since the cost of the 
diamond is a major part of the total price of any cartridge 
having one, we believe that cost considerations should play 
a rather small part in one’s choice of a cartridge. There 
are several fine cartridges at very nearly the same price, 
whose sound-reproduction characteristics are so nearly alike 
that it is difficult or impossible to tell them apart. An 
evaluation of these units should point out such qualities as 
reliability and probable effect on record life, and leave the 
final evaluation to the consumer on the basis of his listening 
judgment. 


LOUDSPEAKERS 

Loudspeaker evaluation presents thorny problems. Peo- 
ple frequently ask whether speaker A is better than speaker 
B, and seem to expect a yes or no answer. Naturally, in 
most cases, there is no definite answer. 

There is as yet no universally accepted set of standards for 
loudspeaker measurement. Some few manufacturers specify 
the test conditions used, but many do nothing but publish 
exaggerated and highly improbable performance claims. It 
is meaningless to say that a speaker “reproduces from 30 
to 20,000 cps.” What enclosure was it mounted in? How 
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much distortion was generated, particularly at low frequen- 
cies? How smooth is its response? What about its polar 
distribution at high frequencies? How rapidly does its 
response drop off, and where? These and many other facts 
must be known before the performance of the speaker can 
be defined. Speakers can only be compared by measuring 
their performance in a standard enclosure, under identical 
conditions. Unfortunately, such a comparison may have 
little value to the buyer unless he intends to use the same 
type of enclosure, in a similar environment. 


Tweeters 

Laboratory measurements of tweeter response can be 
made with good repeatability; the authors believe that the 
response curves and their smoothness can be correlated with 
how pleasing a particular tweeter is found to be in subjec- 
tive evaluations. However, this sort of data can be highly 
misleading if the polar response of the tweeter is ignored. 
Two tweeters with the same response curve measured on 
axis may sound entirely different unless their polar pat- 
terns are also identical. 


Low-Frequency Response 

The writers believe that low-frequency performance up 
to perhaps 100 cps can be measured in a free field or 
anechoic chamber with good repeatability; if the solid angle 
which the speaker sees and the damping factor of the driving 
source are defined, measurements can be duplicated with 
surprising consistency. 

A common failing in speaker response curves is the plot- 
ting of total sound pressure as a function of frequency. 
At low frequencies, practically all speakers generate appre- 
ciable amounts of harmonic distortion; this makes the 
speaker’s output seem greater than it really is. For a 
speaker response curve to have any significance, the authors 
feel that it must show only the fundamental components of 
its output. If the total harmonic distortion is plotted on 
the same frequency axis, the true low-frequency perform- 
ance of the speaker system becomes obvious. Generally, 
an abrupt rise in harmonic distortion occurs at the fre- 
quency at which fundamental output drops sharply. This 
frequency has been found, in most cases, to be appreciably 
higher than claimed in the manufacturers’ ads. 


“Corner” Horns 
“Corner” horns which employ the room walls as an ex- 
tension of the horn mouth cannot be tested in a free field 
or anechoic chamber without severely penalizing their low- 
frequency performance. If they are tested in a live room, 
the results will not, in general, be repeatable in another 
location. 
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Diffraction Effects 

Measurements of frequency response between 100 cps 
and several kilocycles is rather complicated. Diffraction of 
the sound waves at the edges of a cabinet can introduce 
peaks and dips of up to 10 db in this range. Mounting 
of the speaker in an essentially infinite plane, flush with 
its surface, can eliminate this, but this is, after all, an 
artificial situation. In most home installations, diffraction 
effects, as well as room resonances, will be present; these 
will significantly modify the response at lower frequencies. 

The authors have found it necessary to resort to sub- 
jective listening tests in all cases for a final evaluation of 
a speaker system. Regardless of a speaker’s measured per- 
formance, we have yet to find a speaker which was pre- 
ferred by everyone hearing it. Apparently, the most im- 
portant factors in how well a speaker sounds are smoothness 
of frequency response and low distortion. Extended fre- 
quency range, we feel, is of lesser importance. 

In any case, we are convinced that selection of a speaker 
system is a matter for each individual to settle for himself. 
An evaluating service can guide him to those speakers 
whose relative smoothness of response and low distortion 
makes them worthy of consideration. The prospective pur- 
chaser must make the final decision for himself after listen- 
ing and comparing. ' 

The buyer must avoid being influenced by “flashy” or 
“sensational” sound. This sort of thing is popular with 
speaker manufacturers and sound-room demonstrators, but 
it is rarely that a speaker with “sizzling highs” or “pound- 
ing bass” will be easy to live with. Live music doesn’t 
sound like that, and neither do speaker systems which are 
smooth, well-balanced, and low in distortion. 


ALLOCATION OF BUDGET ITEMS 
Usually high-fidelity systems are bought on a limited 
budget. By properly allocating a given sum, it is possible 
to get the best overall sound per dollar, whatever the total 
cost may be. The optimum breakdown will vary with 
the total expenditure. It will also be different if no future 


additions or improvements are contemplated than if they 
are. A little care and forethought will help to minimize 
obsolescence of one’s equipment. As an example, if im- 
provements are contemplated, the original amplifying equip- 
ment should be of sufficiently high quality to justify the 
future acquisition of a better phonograph pickup and/or 
speaker system. A fairly simple speaker system can be 
used initially, and either sold or used as an auxiliary 
speaker when a more elaborate one is required. On 
the other hand, if no further changes are contemplated, a 
much larger proportion of the total cost of the system 
should go to the speaker system. Even the cheaper pickups 
and amplifiers will give satisfactory performance when used 
with a good speaker system. 


CONCLUSIONS 

The authors recommend the following approaches in the 
evaluation of audio components: 

1. The tests should indicate how closely products con- 
form to advertised specifications. 

2. Ratings should reflect the usefulness of particular 
audio products to the consumer. “Gimmicks” and features 
which are the outgrowth of fads rather than of sound design 
should be characterized as such. 

3. Rating procedures should be according to industry- 
wide standards accepted at the ASA level, wherever such 
standards exist. Otherwise, tests should attempt to define 
equipment performance in a typical home environment 
rather than under artificial laboratory conditions. Measur- 
ing techniques should be employed which give reliable, 
repeatable test data. 

4. The consumer must be provided with sufficient (perti- 
nent) general background data—not necessarily of a tech- 
nical nature—to permit him to make intelligible choices 
based on manufacturers’ claims. He must be made aware 
of which features are important or desirable and which are 
designed strictly for sales appeal. 

Regardless of what laboratory measurements or theoreti- 
cal considerations may indicate, the ultimate criterion for 
consumer acceptance must be pleasing and natural sound. 


' 
150 ee ; 
. 
o . 
E: E 
~ , 
23 
amet 
Lat te 
i 
a 
“ih 
mer 
eM 
pte, 
ies 
ee 
mot 
vey 
ae ; 
oes 
ber 
tae 
Sia 
KS Fe 
ie 
bite” 
eater fi 
ae 
ale { 
ae a 
-, 
a q 
ere » 
un 
os | 
ae 
ee 
"Fas 
cat: 
rin : 
a 
“Fx q ; 
Ne 
ar 
on 
ore 
a 4 
Tees 
ar 
anal 
es 
2 
ae 
rags 
ape. 
ne 
1 ase 
Sa 
ae 
aay 
weg 
bai 
Pee 
rs - 
ae 
7 
eek Ts: 
ee 
vive 
Re 
we ~ . 
are 
Pam 
ioe 
ae 
ca ie; 
Suter 
es fi 
“7 ert 
eh ine 
meh 
: 
re 
Peak 
‘ le 
ee 
aes 
ae 
ote 
ene 
- 
mie 
y ay La 
he 
oy 
sw ; 
di 
7 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


Audio in Salmon Research* 


A Fish Detection System at Bonneville Dam 
RicuHarp H. vANHAAGEN 
U.S. Fish and Wildlife Service, Seattle, Washington 


A master-oscillator multiple-detector system for following the movement of adult salmon 
through a series of underwater orifices is described. The fact that fish exhibit greater conduc- 
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tivity than fresh water has been known for many years, but this is the first known application 


to American fisheries instrumentation. 


A sinusoidal audio-frequency oscillator supplies individual conductivity bridges; the unbalance 
due to fish passage, amplified, operates a relay; the make-break differential of the relay supplies 
an annunciator action, appropriately switching lights at a central control rack, showing the biol- 


ogist the orifices chosen by each fish. Reset of the detector advances an electromechanical register. 


INTRODUCTION 
| peepnonmnee biologists of the Fish and Wildlife Service, 

instrumenting the Fisheries Engineering Research Facil- 
ity at North Bonneville, Washington, required a system 
which would permit the detection of migratory fish passage 
through experimental orifices of various sizes in the facility 
fishways. The extremes of turbidity there render visual 
methods impossible. 

Preliminary requests were for a lock-in or annunciator 
type of indication, with manual reset. Sensitivity was to 
be such as to indicate passage of small salmon through an 
orifice at least 21 in. square in a weir 8 in. thick. 


ENVIRONMENT 

The facility is housed in a substantial temporary building 
(Fig. 1), 216 ft long and 36 ft wide, covering a watertight 
trough, 16 ft deep and 24 ft wide; the trough is an un- 
interrupted 100 ft long. In addition, there is a 40-ft pool 
at each end. The upstream flow-introduction pool is floored 
with a wood grating 1 ft lower than the flume floor. The 
downstream collecting pool is 7 ft deeper than the flume. 

A traveling crane and removable partitions allow various 
arrangements of experimental fish ladders in the flume; 
water flow and lighting are controllable, the latter by high- 
intensity mercury-vapor floodlamps in the windowless 
building. 

Migratory fish are bypassed through the building by 
entrance and exit fishways connected to the regular Wash- 


* Presented at the Eighth Annual Convention of the Audio Engi- 
neering Society, New York, September 26-29, 1956. 
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ington shore fishladder, which surrounds three sides of the 
building. Water is obtained from the forebay of the dam. 
Turbidity (Secchi disc scale) ranges from 5 ft to less than 
0.1 ft, rendering visual observation uncertain. 

Flux linkage from overhead distribution lines causes ap- 
preciable power levels in all conductors in the area, but 
experience has shown that the running of instrumentation 
wiring through metallic conduit or expanded metal race- 
ways, plus care in design of equipment to avoid “ground 
loops,” or multiple common returns, has allowed operation 
of all electronic instrumentation so far attempted. Pre- 
liminary noise-level measurements with electrodes in the 
water have indicated much lower levels there, perhaps due 
to the high resistivity of the water (around 10,000 ohms 
per cm*), 


Preliminary Investigations 

It has been demonstrated both in Great Britain’ and the 
United States that the conductivity of fish in fresh water 
is greater than that of their environment, and that this dif- 
ference is sufficient to make it possible to upset a balanced 
Wheatstone bridge, one leg of which contains a water path 
through which the fish may pass. 

Investigations for this facility were made using a bridge- 
balance method, with one leg of the bridge consisting of the 
water path between two parallel strip electrodes mounted 


1 Lethlean, N. G., “An Investigation into the Design and Perform- 
ance of Electric Fish Screens and an Electric Fish Counter.” Trans- 
actions of the Royal Society of Edinburgh, 62, Part Il (No. 13) 479- 
526. Twenty-five figures, 2 plates. 
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Fic. 1. Fisheries-Engineering Research Facility. 


opposing each other across an orifice. The balancing of the 
bridge was accomplished by manual adjustment of an adja- 
cent resistive leg. The orifice in the 8-in. thick test weir 
was 21 in. square and is shown in Fig. 2. 

The plywood weir and its sill were covered with polyester 
resin reinforced with glass fiber. Several coats of silver 
conductive paint, allowed to dry thoroughly between coats, 
formed the electrodes, one of which was placed on the face 
of the weir along the edge of the orifice. The other electrode 
was on an axis parallel but on a plane normal to the first, 
on the 16-in. sill which closed the bottom of the orifice. 
An attempt was made to avoid difficulties which might re- 
sult from the changing of electrode contact areas by en- 
trained air. Three widths of electrode were used: % in., 
1 in., and 1% in., successively exposed by stripping a cov- 
ering of vinyl electrical tape. 

The secondary of the transformer feeding the bridge 


formed two legs of the bridge. The center tap was one of 
the bridge output terminals. The common point between the 
balance leg and the water leg was used as the other output 
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Fic. 2. Ejight-inch test weir with 21-in. square orifice. 
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terminal. Measurements of unbalance were made on a 
Hewlett-Packard 400-D vacuum-tube voltmeter, and the 
bridge was supplied from a motor-alternator and Variac; 
the voltage applied to the electrodes—half of the secondary 
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Fic. 3. Block diagram, preliminary investigations. 


voltage—was 0.25 to 25 volts rms, at 480 cps, as shown in 
the block diagram of Fig. 3. 

Signal voltages due to fish passage were in the millivolt 
range, as were the residual unbalance and noise voltages, 
with a signal-to-noise ratio of 2:1 (for large fish) down to 
less than unity for small fish. 


SYSTEM DEVELOPMENT 

Since an annunciator action on the part of the detector 
was desired, any signal above the peak noise level would 
be adequate; since the noise level was quite constant and 
uniform in the water, and freedom from power-supply 
transients was guaranteed, engineering of the system could 
proceed with some security. The principle to be used was 
as follows: 

The unbalance signal and background noise could be 
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amplified to a level sufficient to operate a relay. The gain 
could be reduced so that such threshold would be attained 
only by passage of a fish of a certain desired size or larger. 
The relay would have a differential between pull-in and 
drop-out exceeding that of the power change caused by the 
fish, and the relay would lock in. Instantaneous low- 
resistance shunting of the relay coil would allow it to drop 
out. 

This shunting would be accomplished manually, and 
could be accompanied simultaneously by operation of an 
electromagnetic register, tabulating the event. A pattern 
of registers would simulate a pattern of orifices, and the 
count recorded would indicate the passage of fish, which 
were to be released one at a time in early experiments. 

The greatest restriction on the system was budgetary. 
Also, shop and staff facilities were quite meagre and the 
final design for the detector uncertain. A combination of 
locally designed units, for the bridge and relay circuitry, 
and a Heathkit amplifier for power amplification seemed 
optimum under the circumstances. 

Since 10 or 15, and later more, detectors must be oper- 
ated, a central variable-frequency oscillator and power 
amplifier, also Heathkit, were included. By using the 
detectors’ “bass cut” and “treble cut” controls at their 
extremes, a bandpass characteristic could be obtained which 
would improve the signal-to-noise ratio over that experi- 
enced during the preliminary investigations, and the oscil- 


lator could then be “tuned” to the point of the detectors’ 
greatest sensitivity—about 600 cps. 

It was decided to locate the central control rack, con- 
taining the registers, reset buttons, indicator lamps, master 
oscillator, amplifier, and detector power switches at the 
west end of the building, near the flow valves, alongside 


the holding pool. Outlets for connecting detectors would 
then be spaced along the length of the fishway on the north 
wall. Provision was made for later use of a second fre- 
quency, if fields from two adjacent orifices interacted. 
Bandpass characteristics of the detector amplifiers would 
then be adjusted suitably, one using a high audio frequency, 
above 5 kc perhaps, and the other, or others, operating at 
a relatively low frequency. 


DETECTOR DESIGN 

The detector (Figs. 4a and 4b), is contained in a box 
fabricated from two chassis hinged with piano hinge and 
fastened with suitcase catches. Power (117 volts ac, 60 
cps), bridge audio input (9 volts ac, approximately 600 
cps), and output connectors are grouped on the bottom. 
The unit is designed to hang from the “barn door’ handle. 

One-half of a bottom plate mounted on the front chassis 
contains operating records, schematics, and spare cables. 

The bridge transformer and the resistance balance leg 


Fic. 4a. Detector. The box is made of two chassis hinged with 
piano hinge and fastened with suitcase catches. 


are contained in the box in the lower right. 

The box at the left contains a matching transformer, 
diode bridge rectifier, and a sensitive relay. By making 
these two units self-contained, it was felt that better con- 
trol of noise sources could be obtained, circuit design could 
be altered more easily, and therefore money could be saved; 
in practice, servicing has been easier, in addition. 

The bridge transformer is a center-tapped 6.3-volt ac 
filament transformer operating from the 9-volt ac line. 
Connections to the electrodes are made directly by means 
of RG 59/U cable with UG 260/U connectors. 

As designed and used, the center cable and either of the 
two outer cables are joined; the remaining cable is then 
connected to the electrode pair and balancing accomplished 
manually. The balance resistors consist of five i380-ohm, 2- 
watt resistors mounted in series on a tap switch at the 
right, plus a 200-ohm rheostat in the center, a 20-ohm 
rheostat at the left, and a fuse, all in series. 

While it is possible to use two similar orifices, balanced 
in the same ratio as the center tap of the transformer, this 
has not been realizable; the balance resistances, mounted 
on the cover of the box, must be shunted across one or the 
other of the two orifices, by using a T connector and the 
center cable, which has a UG 261/U connector. 

For balancing two orifices, substitution of a 10-turn po- 
tentiometer for the balance resistors, with amplifier input 
taken from the arm instead of the transformer center tap, 
has proven satisfactory. Phase balance also improves the 
null. 

Upon completion of the prototype of the detector, a test 
was made of the sensitivity of the circuit as constructed. 
An orifice 18 in. high and 6 ft long in a 2-in. thick weir, 
with electrodes painted on the upper and lower faces, op- 
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Fic. 4b. Detector schematic. 


posing each other, was fastened in the facility fishway and 
fish passed through. Sensitivity was such that passage of 
a lamprey eel approximately 1 in. in diameter and 18 in. 
long was detectable (i.e., tripped the relay). ll sal- 
monids passed were detected at reduced sensitivity. Subse- 
quent production units have been equally sensitive. 

Each detector cost approximately 70 dollars for parts by 
mail order and was assembled at a labor cost of 42 dollars. 


Hand-Held Annunciator 

Balance of the bridge is simplified by use of the hand- 
held annunciator unit, which is shown in Figs. 5 and 6. 
A voltmeter, a 0-200 microamp meter with a 2-stage multi- 
plier, is shunted across the relay coil by plugging the 6-pin 
connector into the output-connector socket. A tenfold in- 
crease in meter sensitivity is obtained by depressing the red 
button, which decreases the multiplier resistance. 

The meter indicates the voltage across the relay coil, and 
hence is a measure of the bridge’s balance. In operation 
the amplifier gain is raised until roughly midscale reading 
of the meter is obtained. The balance resistors are then 
adjusted, from right to left, in such a direction as to cause 
a lower reading, and the gain again increased. The process 
is repeated until the left-hand rheostat causes an increase 
in signal when turned in either direction. 

The sharpness of the null is a measure of the noise level 
of the bridge, and if a broad null is found, disconnection 
of the audio input indicates whether the poor null is due 
to a residual unbalance or other causes. A major offender 
is found to be coupling through the amplifier’s power trans- 
former to the 60-cps 117-volt ac line; reversal of the plug 
above and behind the power switch and fuse bracket often 
eliminates this as a source of difficulty. 


To put the detector into operation, the bridge is balanced 
as described, and the gain increased until the lamp in the 
hand-held annunciator is lit. The adjacent black button 
is then intermittently depressed, shunting the relay coil. 
The gain is decreased until the lamp remains owt; any in- 
crease in input signal or gain will then light the lamp. 

The lamp is supplied by 2 mercury cells which should 
be replaced every 2 years. Ordinary “penlite” cells may 
be used. 

During extended use of the meter without regard to relzy 
operation, the lamp may be removed from the outside by 
first unscrewing the clear plastic dome which covers it, thus 
conserving battery life. 


Rack-Mounted Annunciators 
Five recording annunciators are mounted side by side 
across the rack as one unit (Fig. 7). Each of the 3 units 
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Fic. 5. Hand-held annunciator. 
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Fic. 6. Schematic of the hand-held annunciator. 


has a common power source (a transformer) for the 10 
lamps and 5 relays. The circuit is shown in Fig. 8. After 
a detector has been balanced and put into operating condi- 
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Fic. 7. Rack-mounted annunciator, bottom view. 


tion as set forth above, the drop cord from the outlet box 
is connected in place of the hand-held annunciator. The 
associated green lamp on the rack-mounted annuncitaor will 


light, indicating the “ready” state. 

Detection of a fish passage will energize the relay in the 
detector and change connections so as to cause the relay at 
the rack-mounted annunciator to operate. This lights the 
red lamp, indicating an unbalanced detector. Depressing 
the button marked “reset” will shunt the detector relay 
coil, restoring the green lamp, and will also complete the 
circuit for operation of the adjacent register, so that a count 
is recorded. This latter function obtains only when the 
register switch is in the “Jocal” position; in the automatic 
condition human control will be obviated, but this circuitry 
has not, at the present writing, been installed. No count is 
recorded when the switch is in the off position. A bell, 
mounted in the rack at the top, announces each detection. 


OUTLET BOXES 
Ten outlet boxes (Fig. 9) were mounted along the north 
wall of the building, connected to the raceway by 2-in. 
conduit. Each box is equipped to supply 3 detectors. 
Sockets are of the “twist-lock” type, the larger socket sup- 
plying the audio-frequency bridge input current, and the 
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Fic. 8. Schematic of the rack-mounted annunciator. 
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Fic. 9. Outlet boxes. 
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relay-coil terminals and the latter for the relay contacts; 
the shield connection was made to the moveable contact, 
which is at ground potential. 

A separate 117-volt 60-cps convenience outlet was also 
provided for operating future auxiliary “quiet” electronic 
equipment and was reserved for this purpose. The main 


power switch on the central control rack operates this 
circuit also. 


Central Control Rack 
The central control rack (Fig. 10) contains, reading from 
the top: 3 rack-mounted annunciator units; blank panels 
covering space which is available for 3 additional annun- 
ciator units; blank panels covering space assigned to an 
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Fic. 10. Central control rack. 


smaller the 117-volt ac 60-cps power for the amplifier. 
Five-conductor drop cords for output connection to the cen- 
tral control rack were provided for 2 detectors, with internal 
connection available for a third cord when desired. 

The cable used was Belden 8732, containing one shielded 
and one unshielded pair. The former pair was used for the 


additional oscillator-and-amplifier combination for a future 
second frequency; power switches and output meter; and 
a door which provides access to controls on the oscillator 
and amplifier for the present bridge supply. 

A large cable, terminated in 3 A-N type connectors, com- 
pletes connections to and from the remainder of the system. 
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A plug-in strip at the left, inside the rear door of the 
rack, receives power cords from the annunciator units, the 
oscillator, and its amplifier; the strip is controlled by the 
main power switch. 


Junction Boxes 

All connections external to the central control rack are 
accessible in each of the two junction boxes (Fig. 11). One 
was mounted on the north wall, and one on the south wall, 
adjacent to the flow controls. Only the south junction box 
cover was equipped with A-N connectors to receive the 
central control rack, due to budgetary considerations. If 
it later should become necessary to move the central control 


RICHARD H. vanHAAGEN ~ 


rack, modification of the north junction box cover is possi- 
ble. 


Summary 

To date, the system has been used for detecting fish 
entering and leaving the facility. The series of experiments 
for which the equipment was designed is planned for the 
summer of 1957; the intervening time will give the biol- 
ogists using the system experience in its operation. The 
detectors have been operated at numerous demonstrations, 
using portable tanks and live fish, and have also acquitted 
themselves well in use in the Bristol Bay area of Alaska 
during summer 1956. 


Fic. 11. North and south junction boxes. 
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‘OURNAL OF THE AUDIO ENGINEERING SOCIETY 


OCTOBER 1956, VOLUME 4, NUMBER 4 


The Control of Quality in Phonograph Records 


Epwarp H. Urcke* 


Capitol Records, Inc., Hollywood, California 


N ALMOST every manufacturing process the effective- 

ness of the quality-control operation is the determining 
factor in the degree of excellence ultimately attained by 
the product. This is particularly true in a very complex 
process such as that involved in making phonograph rec- 
ords. Here, artistic talents are combined with technical 
skills to capture and preserve phenomena which are pri- 
marily intellectual and/or emotional in nature. Because 
the end product is not the record in itself but rather the 
reproduced sound, the subjective elements existing in the 
product are carefully considered also, and—together with 
the purely mechanical elements of the process—integrated 
into the overall evaluation covered by a quality-control 
program. This will be noted at certain steps of manufac- 
ture. 

The relatively recent technological strides toward greater 
perfection in phonograph records and in the associated sys- 
tems involved in creating them have been increasing our 
ability to deal effectively with minute sizes: The engineer 
and the disc manufacturer are working with smaller and 
smaller dimensions and to greater degrees of accuracy than 
were hitherto believed possible. As a result, the control 
of production processes, as well as the inspection of mate- 
rials and of the final product itself have all become more 
exacting. This has required increased vigilance throughout 
manufacture, together with closer control of the variations 
introduced by incident processes. 


FUNCTIONS OF QUALITY CONTROL 
The Quality Control Department, therefore, performs 


* Chief Electronics Engineer. 


three basic functions: 

1. Inspection of incoming materials and supplies. 

2. Exercise of process controls. 

3. Quality audit of the product. 

In examining the execution of these functions, it is con- 
venient to separate the record-manufacturing process as a 
whole into the broad divisions shown in Fig. 1: 

1. Recording. 

2. Disc manufacturing. 

3. Distribution. 

The first division covers the various operations up to 
and including the preparation of the master recorded disc. 

The second division involves multiple duplication of the 
master recorded disc by mechanical means to produce the 
final product. 

The third division is a final manufacturing check-point 
where the effects of final handling, packaging, and shipping 
are studied. (Monitoring at this level is often considered 
necessary for adequate control of merchandise quality and 
is therefore included in this overall discussion of quality 
control.) 


PROCESS FLOW IN RECORDING 
The flow chart for the first division is shown in Fig. 2. 
It illustrates a typical recording and transfer operation. 


3 
RECORDING an > DISTRIBUTION 


Fic. 1. The record-manufacturing process, divided into three broad 
divisions. 
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The rectangular blocks show the operations, while the cir- 
cles indicate different phases of the quality-control function. 


Original Recording 

First, the original session is usually recorded on mag- 
netic tape, followed by the associated editing and/or assem- 
bly. (The tape on which the recording is made has already 
been inspected on a sampling basis before the recording 
operation even begins—as a matter of fact, before the tape 
is received into inventory. This is done to ensure that the 
tape recording will meet the specifications.) The com- 
pleted recording is critically reviewed by the engineer, pro- 
ducer, and artists. Technical and performance approval 
must, of necessity, be complete and final before the record- 
ing is accepted into the library for subsequent duplication. 


Transfer from Tape to Lacquer Master 

The program material is then transferred to lacquer mas- 
ter discs by re-recording from the magnetic tape. (The 
lacquer-coated discs used in this operation—like the tape 
used in the original recording operation—are also inspected 
on a sampling basis before being received into inventory.) 
Since the master recorded disc is a vital factor in subse- 
quent manufacturing, it must meet other requirements. To 


Fic. 2. Flow chart for the first division of Fig. 1, ie., recording. The rectangular groupings 
indicate operations, whereas the circles show different phases of the quality-control operation. 
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ensure that these requirements are met, several test record- 
ings are made having silent grooves, frequency runs, pro- 
gram, and intermodulation-distortion tracks. These test 
recordings are played and the quantitative measurements 
tabulated. 


Lacquer Disc Inspection 

The lacquer discs are then processed. The resulting 
matrices and a report on the ease or difficulty with which 
the test lacquer reacted to standard manufacturing pro- 
cedures is sent to the Quality Control Department to deter- 
mine acceptance or rejection of the shipment. In addition, 
all lacquer discs receive a thorough visual inspection by the 
recording engineer, and test cuts are measured on every 
recording for groove noise. The data thus secured is noted 
on the disc itself to be available for subsequent comparison 
with matrix tests. Also, all cutting styli are thoroughly in- 
spected by shadowgraphing, by microscopic examination, 
and by means of actual test cuts to determine whether they 
conform to specifications. 

Following the transfer, the completed lacquer master 
recorded discs receive two visual inspections and a sample- 
basis audio review before being forwarded to processing. 
An additional reference disc is made for Artist-and-Reper- 
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Fic. 3. Flow chart of the disc-manufacturing plant. 


toire Department review to appraise the transfer. 


PROCESS FLOW IN DISC MANUFACTURE 

Figure 3 shows the process flow in the disc-manufacturing 
plant. The incoming lacquer masters are visually inspected, 
after which they are processed and the metal master is pro- 
duced by electroforming. The metal master, after a careful 
visual inspection, is used as the matrix to produce the 
“mother,” again by electroforming metal. The mother, be- 
ing a “positive” matrix, can be played like a record, and 
‘with care, can be safely handled. At this point, therefore, 
there is a very complete evaluation of the metal counterpart 
of the master recorded disc. This metal counterpart will 
‘subsequently be used to electroform the stampers, which 
care the dies that will mold the records. 


Inspection of Mothers and Stampers 
The first mother is carefully checked to determine that 
-all the dimensions of the recording spiral conform to speci- 
fications. This, and all subsequent mothers, also receive 


a microscopic visual examination and a complete audio re- 
view, including certain quantitative measurements of such 


factors as groove noise and modulation levels. Since each 
mother can be used to produce several stampers, the audio 
and visual inspections are repeated each time it is used. 
All stampers produced from the mothers are inspected 
visually, both with the naked eye and a high-power micro- 
scope to check for obscure defects. Also, certain physical 
dimensions are checked against manufacturing specifica- 
tions. While the examination of the electroformed matrices 
is, of course, a necessity, the Quality Control Department 
also exerts continuous process control on the matrix opera- 
tion by means of reports of analyses of all materials, solu- 
tions, and samples of electroformed metals. This is required 
to check performance of established operational procedures 
and serves to isolate quickly obscure sources of trouble 
which might develop. 


The Molding Operation 
Having completed the preparation of the matrices, we 
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proceed to the molding operation. All incoming materials 
to be used in making phonograph records are sampled and 
tested to ensure uniformity. The formulations call for great 
precision. The materials are specially compounded and, 
after mixing, each batch of compound is again analyzed 
and tested. Part of this latter procedure includes the actual 
molding of a special test record, under precisely controlled 
conditions. This checks on such things as groove noise, 
resistance to wear and breakage, effects of temperature, etc., 
which are actual properties of the finished record. The ex- 
tent to which the specific material used affects these prop- 
erties can be evaluated accurately, because we exclude here 
nearly all the variations which may be contributed by other 
factors. 


Inspection of the First and Subsequent Records Pressed 

After a press has been set up, the first record molded 
receives a complete visual, dimensional, and audio exami- 
nation before the press run continues. Thereafter every 
record is inspected visually by the operator, and frequent 
visual and audio examinations are made on a random basis 
by a tester. When a record is rejected by the tester, the 
cause of the defect is corrected and an exhaustive inspection 
is made of all records molded since the last sample taken. 
The finished records are given their final visual inspection 
and placed in sleeves or album containers. Then they are 
packaged for convenience in subsequent handling. 


The Re-inspection Operation 

To minimize the possibility of errors due to equipment 
problems or errors in judgment on the part of the inspectors, 
the plant quality-control program includes a re-inspection 
operation in which a sample of each day’s production is 
withdrawn from finished-goods inventory and tested. These 
records are given a complete visual, audio, and physical 
examination. The physical examination includes a thor- 
ough dimensional check of the record and the recording 
spiral. For further appraisal of the overall product, first 
production records are also reviewed by both the Artist 
and Repertoire Department and by the Engineering Depart- 
ment. 


REVIEW BY THE ENGINEERING STAFF 
The engineering staff, which reviews the record for its 
technical qualities, also makes a monthly test of a sampling 
of plant production to check adherence to specifications. In 
addition, the engineering staff makes an identical examina- 


tion of a group of records of all types manufactured by 
other companies. 


PERIODIC EXAMINATIONS AT THE DISTRIBUTOR LEVEL 

As a final manufacturing check to ensure that handling, 
packaging and shipping are satisfactory, periodic examina- 
tions are made at the distributor level (Fig. 4). This ex- 
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Fic. 4. Flow chart of the distribution process. 


amination is a visual one of records and albums, performed 
by an outside agency in accordance with a prescribed pro- 
cedure. 

A complete system of reporting provides the Chief Qual- 
ity Control Engineer with the results of all inspections, and 
from these data there is obtained an accurate appraisal as 
to whether internal manufacturing standards are being ad- 
hered to and a comparison with industry quality. Statis- 
tical methods are employed in determining the quantities 
tested, methods of sampling, and control limits. 


DAILY, WEEKLY, AND MONTHLY REPORTS 
TO MANAGEMENT 

Daily reports are made to keep plant management con- 
tinuously advised of the quality status in all phases of 
production. Weekly and monthly recapitulations to com- 
pany management provide the necessary information to de- 
termine that the proper degree of control is being exercised. 
Additional reports on equipment checks go to the Chief 
Engineer to ensure that all testing instruments are main- 
tained at prescribed standards. These related evaluations 
are under constant scrutiny by all departments concerned. 
It is on the basis of this information that conclusions are 
drawn which may result in recommendations for changes 
in procedures, equipment and/or materials to effect im- 
provement of the product. 
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A Practical Commercial Output-Transformerless Amplifier* 


Jutius Futrermant 


Harvard Electronics Co., New York, New York 


INCE THE appearance of the author’s first paper on 
the subject of output-transformerless amplifiers, he has 
had numerous inquiries for further details regarding the 
amplifier which he described. A program of further work 
was instituted with a view to producing a practical, com- 
mercial version of this basic amplifier design. The present 
paper will describe the results. 


BASIC DESIGN OF THE AMPLIFIER 

To review the basic design of the amplifier, reference 
should be made to Fig. 1. A pentode tube, V;, is operated 
as a high-gain voltage amplifier and is directly coupled to 
the phase-splitter tube, V2. The cathode-load resistor of 
V. is returned to ground through the load, which may be 
the 16-ohm voice coil of a conventional loudspeaker. Signal 
voltage developed across the plate-load resistor of V» is 
applied between grid and plate of the output tube V3. 
Likewise, signal voltage 180° out of phase, developed across 
the cathode-load resistor of Vs, is applied between grid and 
plate of output tube V4. 


The Output Stage 

The output tubes are connected in series and biased for 
class B, operation. The output load is connected with its 
“high” side to the cathode of V; and the plate of V4 and 
its “low” side to ground. Each of the output tubes has its 
own power supply, consisting simply of a metallic rectifier, 
X, and a capacitor, C. Due to the balanced nature of the 
output circuit, no dc flows through the load. 


* Presented at the Eighth Annual Convention of the Audio Engi- 
neering Society, New York, September 26-29, 1956. 

t Chief Engineer. 

1 Julius Futterman, “An Output-Transformerless Power Amplifier,” 
JourNAL OF THE AupIO ENGINEERING Socrety, 2, 252-6 (October 
1954). 


Feedback Arrangements 

The potentiometer in shunt with the load has its arm in 
the cathode circuit of the voltage-amplifier tube, V;. When 
the arm of the potentiometer is at ground, there is no over- 
all negative feedback and the full gain of the amplifier is 
obtained. With the arm at the high side of the load, there 
is 100% negative feedback, and the gain of the amplifier 
is essentially unity. Because of the minimum number of 
phase-shifting components in this amplifier, large amounts 
of negative feedback may be utilized. The writer has con- 
structed amplifiers of this type with as much as 60 db of 
feedback without any evidence of instability. 


Driving Voltage 

In this circuit, the output tubes are working as cathode 
followers and thus require large driving voltages from the 
phase-splitter tube. With this type of phase-splitter, the 
signal voltage across the plate and cathode resistors is es- 
sentially of the same magnitude as the input voltage to the 
tube. Normally, this would require a large voltage output 
from the voltage-amplifier tube. Fortunately, because the 
speaker load is also in the input circuit of the phase-splitter 
tube and in the correct sense to provide positive feedback, 
a much lower voltage suffices. In fact, the signal voltage 
to the input of the phase-splitter tube need not be much 
greater than the fixed bias of the power tubes, for maximum 
output. 


Positive and Negative Feedback 

A feature of this amplifier, as can be seen in Fig. 1, is 
that the output load is connected to the input circuits of 
all the tubes used in the amplifier for the purpose of ob- 
taining both positive and negative feedback. This has been 
accomplished without the use of any reactive components 
(which might produce undesirable phase shifts) other than 
the load itself. 
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Fic. 1. Basic schematic of the output-transformerless power amplifier. 


For large ratios of overall negative feedback, the gain 
of the amplifier should be high over the frequency range 
of interest. Most of the gain is obtained in the voltage- 
amplifier stage. Using a 6BA8 tube with a plate load re- 
sistor of 1.8 megohms, a voltage gain of 1200 can be 
realized. The overall gain of the phase-splitter and output 
tubes may be greater or less than unity, depending on the 
number and type of tubes used in the output stage and also 
on the impedance of the output load. 


Power-Supply Arrangements 


To make it possible to obtain large amounts of power 
from a class B, output stage, the regulation of its power 
supply must be good. This necessitates a low-impedance 
supply. In this circuit, the author felt that the most prac- 
tical way of accomplishing this was to use a separate power 


supply for each half of the output stage. Because of the 
large amount of negative feedback available, the power 
supplies for the output stage are extremely simple, each 
consisting of a metallic rectifier and capacitor. If, without 
any feedback, the ripple voltage across the voice coil were 
1 volt, then, with 60 db of feedback, the ripple would be 
reduced to 1 millivolt. In fact, the amplifier may be con- 
sidered as an electronic filter for these two power supplies. 

One objection to the original amplifier was that it was 
not isolated from the ac line. This was considered serious, 
because, when the amplifier was used with auxiliary line- 
operated equipment, there was always a shock hazard pres- 
ent. To remedy this fault, a special power transformer 
was designed for use with the present amplifier. 


THE NEW AMPLIFIER 
Figure 2 is the circuit of the complete power amplifier, 


as finally developed. Figures 3 and 4 are photographs of 
the amplifier. A 6BA8 tube is employed as a combined 
voltage amplifier and phase-splitter. Ten type 12B4A tubes 
are used in the output stage. The power rectifiers are either 
1N158 germanium rectifiers (shown on the schematic) or 
Radio Receptor type 6S2 selenium rectifiers, with a rating 
of 500 ma at 156 volts. The power transformer is a special 
low-impedance unit in which both the primary and the 130- 
volt winding that supplies plate current for the power tubes 
have a dc resistance of less than 1.5 ohms. This is essen- 
tial, so that the large current demands made on the power 
supply when peaks of program material are handled can 
be met. 


Surge-Limiting Resistors 

To prevent the initial surge of charging current through 
the 600-mfd filter capacitors from damaging the rectifiers 
when the amplifier is first turned on, a surge-limiting resis- 
tor of 300 ohms is connected in series with the rectifiers. 
The function of the Sigma Type 11F relay is to short out 
this resistor when the voltage across the filter capacitor 
builds up to a value high enough to operate the relay. This 
usually takes approximately 2 seconds. 


Series Heaters and Bias Arrangements 
It will be noticed that the heaters of the five “lower” 
12B4A tubes are connected in series. This is done so that 
the 31.5 volts required for heater voltage can also be used for 
grid bias. Fixed bias of approximately —25 volts for these 
tubes is developed by the selenium rectifier, Radio Receptor 
Type 4Y1. Grid bias for the “upper” output tubes is obtained 
2 Since this paper was delivered, Mr. Futterman has been granted 


U. S. Patent No. 2,773,136 (date of issue, December 4, 1956), cover- 
ing features of this amplifier. 
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. 2. Complete schematic of the OTL power amplifier which uses ten type 12B4A miniature tubes in the output stage. 
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Fic. 3. OTL power amplifier constructed on a 1314 in. X 6 in. X Fic. 4. Bottom view of the output-transformerless amplifier of Fig. 3. 
134 in. chassis. (The schematic is shown in Fig. 2.) Note the logical 
layout: Heat-producing components are separated from the electro- 
lytic capacitors and power rectifiers. 
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from the voltage divider (consisting of an 82K resistor and 
a 15K resistor) connected across the power supply that is 
used for the lower output tubes. The 10K potentiometer 
is used to adjust the bias on the lower 12B4A tubes, so 
that there is no dc in the speaker voice coil. The quiescent 
plate current of the output stage may be anywhere between 
50 and 100 ma, depending on the characteristics of the 
individual 12B4A tubes. One advantage of using ten power 
tubes is that the 10K potentiometer can be set so that the 
grid bias on the lower 12B4A tubes is equal to that on the 
upper 12B4A tubes. With a milliammeter in series with the 
speaker voice coil, the power tubes can then be interchanged 
to secure a minimum current reading on the meter. A pre- 
cise zero adjustment can then be made with the potenti- 
ometer. The advantage of this procedure is that clipping 
will occur simultaneously on both positive and negative 
peaks at the overload point of the output signal. 


Preamplifier Plate and Heater Voltage 
The 6X4 rectifier tube supplies plate voltage for the 
6BA8 tube and also for an external preamplifier. Heater 
voltage for the preamplifier is also provided. These voltages 
are available at the octal socket indicated in the schematic. 
The voltage gain of the amplifier is 6, so that it can easily 
be driven to full output by most preamplifiers. 


Power-Output Capabilities of the Amplifier 


We have not, thus far, mentioned the power output capa- 


bilities of the amplifier; this has been deliberate. Power 
amplifiers are usually rated with a fixed impedance load. 
However, as is well known, a loudspeaker rated at, say 16 
ohms will vary considerably in impedance over the audio- 
frequency spectrum. Figure 5 is the measured impedance 
curve of the writer’s own speaker system, which consists 
of an RCA Type LC-1A loudspeaker mounted in a 10-cu-ft 
infinite baffle. Note that the impedance varies from a maxi- 
mum of 180 ohms at the bass resonant frequency to a mini- 
mum of 18 ohms. This is a variation of 10:1. Power out- 
put at the overload point as a function of the load impe- 
dance is plotted in Fig. 6 for the OTL amplifier when ger- 
manium or selenium rectifiers are used. For comparison, a 
conventional 30-watt amplifier utilizing negative feedback 
is also shown. Figure 7 shows the power output in watts 
as a function of frequency for the two amplifiers when the 
speaker system of Fig. 5 is used. Note that the 30-watt 
conventional amplifier will overload at less than 6 watts at 
50 cps, as compared to over 15 watts for the OTL ampli- 
fier. For normal home listening, even on live FM program 
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Fic. 5. Measured impedance curve of the author’s LC-1A loud- 
speaker in 10-cu-ft infinite baffle. 


material, the writer has never felt that his amplifier seemed 
lacking in output power. This has been confirmed by sev- 
eral of his friends who have built similar amplifiers and 
have used them with the so-called “low-efficiency,” “high- 
fidelity” loudspeaker systems. The writer believes that the 
OTL amplifier described here, with a 16-ohm loudspeaker 
load, is definitely equal in performance to a conventional 
30-watt amplifier when reproducing program material. Fur- 
ther, he is convinced that the OTL amplifier yields results 
which are definitely superior when a 32-ohm loudspeaker 
system is employed. 

The foregoing has been brought out because the author 
feels strongly about the continuous race for higher and 
higher output in power amplifiers designed for high-fidelity 
home music systems. A few years ago, 30-watt amplifiers 
were considered excessive. Today, we see 50-, 70-, and even 
100-watt amplifiers placed on the market to be sold as 
components for home music systems. One prominent manu- 
facturer has a 70-watt amplifier on the market with what 
he claims is an exclusive feature—an automatic power moni- 
tor which reduces the output power of the amplifier so as 
to protect “expensive speakers” from “burning out.” This, 
presumably, is a worthwhile feature and costs only a mere 
one hundred dollars more than the same company’s “ordi- 
nary” amplifier, which puts out only 32 watts and is not 
supposed to be capable of burning out your speaker. 

In the output-transformerless amplifier, output power is 
hard to come by. We find that our original 10-watt am- 
plifier is more than adequate in our living room. The in- 
creased output of the present amplifier is a concession to 
the powers that be. 
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Fic. 6. Power output of output-transformerless amplifier at the 
overload point, plotted as a function of load impedance (when ger- 
manium and selenium rectifiers are used). Curve A represents the 
power output of a conventional 30-watt amplifier; curve B, the 
power output ot the OTL amplifier with a 6S2 selenium rectifier; 


curve C, the output of the OTL amplifier when a 1N158 germanium 
is used. 


Measurements 

Measurements of frequency response, square-wave re- 
sponse, and harmonic distortion for the present amplifier 
are similar to those for the original amplifier and will not 
be repeated here. The reader is referred to the original 
paper.' Tests for intermodulation distortion were not made 
on the original amplifier but have been performed on the 
present amplifier, the necessary equipment having become 
available. Measured with a Measurements Corporation 
Model 31 IM analyzer, the distortion proves to be less than 
0.1% from a 1-watt to a 10-watt level. From 10 watts to 
the point where clipping is noticeable on the scope (this 
is the point of maximum output indicated in Fig. 6), the 


distortion rises gradually to 0.3%. These figures include 
the residual intermodulation distortion of the analyzer, 
which is 0.1%. Consequently, we may say that there is 
no measurable distortion up to the 10-watt level. 


SOME TIPS TO THE AMPLIFIER BUILDER 
The amplifier is simple to construct and adjust. There 
are no “gimmicks.” Resistors and capacitors should be 
checked wherever possible before being used. Tubes should 
be tested for gas and internal shorts. The “hum-balancing” 
potentiometer should be adjusted for minimum hum with 
no input to the amplifier. Your ear will have to be in the 


speaker for this adjustment. 

In conclusion, it is the opinion of the writer that when 
the present output-transformerless amplifier is used with 
first-class associated equipment, it leaves nothing to be 
desired in the high-fidelity home installation. 
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Fic. 7. Power output in watts versus frequency for a. the output- 
transformerless amplifier, when a 1N158 germanium rectifier is used 
(solid curve); b. a conventional 30-watt power amplifier (dashed 
curve). 
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Transistor Input Stage for Phonograph Pickups* 


H. C. Lint 


Semiconductor Operations Laboratory, CBS-Hytron, Lowell, Massachusetts 


This paper describes several transistor circuits that are suitable as input stages for use with 
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phonograph pickups. Circuits are given for both inductive and capacitive pickups. Noise, gain, 


and interchangeability are the factors that are considered in the circuit design. 


GENERAL CONSIDERATIONS 
Noise 
ERE ARE three kinds of noise in a transistor,’ 
namely, “white” noise, low-frequency surface noise, and 
low-frequency leakage noise. The dominant mean-square 
white-noise generator is located between the intrinsic base, 
5’, and the emitter, e, in the hybrid-x equivalent circuit as 
shown in Fig. 1 and its noise power is proportional to the 
dc base current. This noise is essentially the same for 
different transistors operating at the same dc base current. 
The mean-square low-frequency surface noise power is pro- 
portional to the square of the dc emitter current, and, as 
the term implies, is inversely proportional to frequency. In 
ordinary circuits, the dominant generator is also located 
between 5’ and e in the equivalent circuit and can also be 
represented by the current gener~tor i,,,2 in Fig. 1. There 
is a wide variation in the magnitude of this noise even 
among transistors of the same type. The mean-square low- 
frequency leakage noise is proportional to the square of the 
de leakage current. The latter is the leakage component 
of the open-emitter collector back current, /,,, which is 
characterized by its voltage dependency. The low-frequency 
leakage noise generator is located between b’ and c, as 
shown in Fig. 1. 
Since both the white noise and low-frequency surface 


* Presented at the Eighth Annual Convention of the Audio Engi- 
neering Society, September 26-29, 1956, New York, New York. 
j t Formerly on the staff of the RCA Laboratories, Princeton, New 
ersey. 

1W. H. Fonger, “A Determination of Low-Frequency Noise 
Sources in Semiconductor Diodes and Triodes,” Transistor I, 239, 
RCA Laboratories, 1956. 
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Fic. 1. Noise current generators in the hybrid-7 equivalent circuit. 


noise are proportional to the dc operating current, it is 
desirable to use a low dc current for low-noise operation. 
Depending upon whether the white noise or the surface 
noise dominates, the total noise power generally increases 
by 3 to 6 db for each 2: 1 increase in de current, if the 
leakage noise is negligible. Leakage noise depends on leak- 
age current, which, in turn varies as the dc collector voltage. 
For present-day transistors, the leakage noise is usually 
negligible if the collector-to-base potential is less than 10 
volts. 

External circuit impedance also plays an important role 
in the noise performance of a transistor stage. The im- 
pedance in series with the base should be small so that the 
noise-current generator i,,,2 is loaded down by the low base- 
circuit impedance. The resultant noise voltage between 5’ 
and e is then reduced, giving a proportionately small output 


noise current from the collector. Assuming that i,,,7 is the 
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only noise generator, it can be shown that the signal-to- 
noise output current ratio for a base-input circuit, as shown 
in Fig. 2a, is equal, as given in the Appendix, to 


a) < 

oe (Z, + Zn + Ze) (in.*)* 
where V, is the generator voltage, Z, is the generator im- 
pedance, Z, is the impedance in series with the base, in- 
cluding the base lead resistance, and Z,y is the impedance 
in series with the emitter. It can be shown that eq. 1 also 
holds true for the signal-to-noise output current ratio for 
the emitter input circuit as shown in Fig. 2b. From eq. 1 
it can be seen that if an external impedance is connected in 
series with the base or the emitter (e.g., for the purpose of 
equalizing the frequency response of a recording character- 
istic), the signal-to-noise ratio is degraded. The degrada- 
tion becomes appreciable when the external impedance be- 
comes greater than the generator impedance, Z,. Note 
that eq. 1 is independent of the current amplification factor, 
8, of the transistor used. If negative feedback is used and 


(1) 


is shunt fed to the input terminal, the effect is equivalent to 
reducing 8 and hence, does not change the signal-to-noise 
If negative feedback is fed in series with the input, 
the effect is the same as increasing the external emitter 


impedance. 
S 

less than Z,, there is little change in —. 
N 


ratio. 


So long as the effective emitter impedance is 


In general, nega- 


4 


tive feedback does not influence the signal-to-noise ratio. 


The application of these principles to actual input circuits 
will be illustrated later. 


Frequency Response 


The velocity response characteristic of an RIAA-NARTB 
(“New Orthophonic”) recording curve is shown in Fig. 3. 
This is the variation of voltage generated by an inductive 
pickup as a function of frequency. The asymptotic lines 
are shown as dotted lines. When a capacitive pickup is 


Fic. 2a. Base-input circuit. 
Fic. 2b. Emitter-input circuit. 


used, the generated voltage response is proportional to the 
displacement and is shown as the amplitude response curve. 
In order to make the output current characteristic flat, dif- 
ferent compensating methods may be used, as will be de- 
scribed later. 


00 1000, 
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Fic. 3. RIAA-NARTB recording characteristics. 


Distortion 


Distortion is usually due to variation of the current am- 
plification factor and/or the transconductance. The cur- 
rent amplification factor of a low-power transistor usually 
increases quite rapidly with increasing dc emitter current 
at low currents, reaches a maximum in the neighborhood 
of 1 or 2 ma, and decreases as the emitter current is further 
increased.” When a grounded-emitter transistor stage is 
driven from a high-impedance source, a value of de emitter 
current should be chosen which will cause the variation of 
8 with current to be at a minimum. 

When a grounded-emitter transistor stage is driven from 
a low-impedance source, distortion may arise from variation 
of the transconductance at the signal rate. This variation 
may be caused by too low or too high a value of operating 
current. 

In either case, the distortion can be reduced by negative 
feedback. Shunt feedback is most effective in reducing 
distortion caused by 8 variation, while series feedback is 
most effective in reducing distortion caused by transcon- 
ductance variations. 


2W. M. Webster, “On the Variation of Junction Transistor Cur- 
rent Amplification Factor With Emitter Current,” Proc. IRE, 42, 
914-920 (June 1954). 
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Output Current 

The output current of a transistor is equal to the input 
current multiplied by the current amplification factor. 
When the input impedance is much greater than the gen- 
erator impedance, the input current is inversely propor- 
tional to the input impedance; a lower value of input im- 
pedance yields greater output current. However, in input 
circuits incorporating frequency equalization, the input im- 
pedance cannot be lowered very far without affecting the 
flatness of the frequency response. The input impedance 
should therefore be chosen as a compromise between maxi- 
mum, output current and maximum flatness. 


INPUT CIRCUITS 

The foregoing considerations, as applied to practical cir- 
cuits, will be illustrated in the following examples. These 
circuits are designed for use in conjunction with a variable- 
reluctance pickup (RCA SPC-1 or General Electric RPX 
series) with R= 400 ohms, L = 0.5 henries, or with a 
crystal pickup (RCA 75575), with an equivalent series 
capacitance of 1000 mmfd. These are commonly used pick- 
ups. The circuit constants are adjusted at each value of 
operating current for maximum flatness in response from 
39 cps to 15,000 cps. It should be kept in mind that con- 
siderably greater output current may be obtained if a 
somewhat narrower frequency bandwidth can be tolerated. 


In the noise measurements, two transistors were used having 
approximately the same current gain (8 = 70 at Jg=1 


ma) but different noise figures. The noise figures of the 
two transistors were 12 db and 5 db with a collector cur- 
rent of 0.5 ma, a collector voltage of 4 volts, a generator 
resistance of 1000 ohms, a load resistance of 20,000 ohms, 
a noise bandwidth of 1000 cps, and a mean frequency of 
1000 cps. 


Circuits for Inductive Pickups 

Figure 4a shows a suitable circuit. For the sake of sim- 
plicity, batteries and base-biasing network are not shown. 
The input resistance is constant and equal to the inductive 
reactance of the pickup at 2000 cps, which is 7000 ohms 
for the aforementioned RCA or G. E. reluctance pickups. 
The desired input resistance is obtained by connecting R, 
in series with the base. Although the induced voltage re- 
sponse of the pickup increases at 6 db per octave up to 
about 2000 cps, the dominant inductive reactance makes 
the input current response flat at all higher frequencies. 
The frequency response between 50 cps and 500 cps is 
equalized by means of a lowpass network, C; and Ro. For 
proper equalization, the reactance of C,; is made approxi- 
mately equal to R,, at 50 cps, the first crossover frequency, 
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Fic. 4. Circuit for inductive pickup and its characteristics. 


and the reactance of C,; is made approximately equal to Re 
at 500 cps, the second crossover frequency. 

Since there is an external base resistance, R,, which is 
greater than the source impedance below 2000 cps, the 
noise output is high. The signal-to-noise ratios of a noisy 
transistor and a low-noise transistor are plotted in Fig. 4b, 
using 12 millivolts at 1000 cps as a reference signal.+ The 
distortion at low values of dc collector current is quite high. 
The output current changes somewhat, since 8 varies with 
Te. 

Another circuit for use with an inductive pickup is shown 
in Fig. 5. The input resistance of this circuit is the same 
as that of the previous circuit. The difference here is that 
the input resistance is obtained by reflecting the emitter 
resistance, R;, in Fig. 5a, instead of using a resistance in 
series with the base. The value of R; in Fig. 5a is made 
equal to 1/8 times R,; of Fig. 4a. As explained previously 
in connection with eq. 1, at frequencies where the source 
impedance is smaller than the input impedance, the use of 
a lower external resistance, as in this circuit, greatly im- 
proves the signal-to-noise ratio. The measured signal-to- 
noise ratios are plotted in Fig. 5b. Note that they are 
about 10 db better than those of the previous circuit. The 
distortion and output currents of this circuit are approxi- 
mately the same as the circuit of Fig. 4a. As far as inter- 
changeability of transistors goes, the circuit of Fig. 4a can 
maintain a flat frequency response better than the circuit 
of Fig. 5a, because the reflected input resistance of the 


latter is equal to r,, + 8 Rg, which will not be constant for 
different values of £. 


+ Output of test record RCA-12/5/51 using SPC-1 pickup. 
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Fic. 5. Second circuit for an inductive pickup and its characteristics. 


A third circuit for use with inductive pickups is shown 
in Fig. 6a. In this circuit, the low-frequency equalization 
(50 to 500 cps) is obtained by means of negative feedback 
(note C. and R,) instead of by means of a low-pass filter. 
R; is used to reduce the input resistance between the base 
and emitter to a value much lower than R,, thereby main- 
taining nearly constant input impedance. For high operat- 
ing collector current (say > 1 ma), 7», is small enough so 
that R; may not be needed. For proper equalization to 
secure an Orthophonic characteristic, 


BR, = (%7) (50) (C2) 
Ry = (%7) (500) (C2) (2) 
R, = (2) (2000) (L) 


where L is the inductance of the pickup. 

Due to the resistance, R;, used in series with the base, 
the noise output of this amplifier is high. As mentioned 
previously, negative feedback does not appreciably change 
the signal-noise-ratio; the overall noise should be approxi- 
mately the same as in the first circuit. This is shown in 
the signal-to-noise curves in Fig. 6b. However, the use 
of negative feedback reduces the distortion, particularly at 
high frequencies where the amount of negative feedback 
is high. The reduction of output current at low dec collec- 
tor currents is due to R;, which is used for maintaining a 
frequency response within + 1.5 db throughout the audio 
range. The low-frequency response of this circuit is affected 
by the value of £, as is indicated by eq. 2. 

Figure 7a illustrates another circuit for use with induc- 
tive pickups. In this circuit, the input impedance increases 
with frequency in the same manner as the velocity response 
curve of the record. This is accomplished by negative 
feedback applied to the emitter of the first transistor. For 
Rs > > Rg, the amount of feedback is equal approximately 
to 


(B2) (Rs/Zr) 


a 


FIG ~6b 
Fic. 6. Third circuit for an inductive pickup and its characteristics. 


where 8: is the 8 of transistor JT. and Z,» is the impedance 
of the feedback network C3, C, and R;. The input im- 
pedance is equal to approximately 

(BiRzg) (1 + BoRs/Zpr) 


provided Ry is much greater than the internal emitter re- 
sistance, r,, of the transistor (= 0.025//;). The frequency 
response deviates 3 db below 50 cps if Rg is made equal 
to r,. For proper equalization, 
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Fic. 7. Fourth circuit for an inductive pickup and its characteristics. 
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At any frequency, the input impedance is much higher 
than the generator impedance of typical inductive pickups. 
Hence, this circuit is independent of the pickup impedance, 
whereas all three of the preceding circuits must be used in 
conjunction with a pickup of prescribed impedance to ob- 
tain a flat frequency response. The absence of base resis- 
tance is beneficial with respect to the noise performance. 
Since the effect of negative feedback can be taken as in- 
creasing the effective emitter resistance, (Rz),, and since 
the condition existing in the present circuit is Z, > (Re). 
at any frequency, eq. 1 indicates that the signal-to-noise 
feedback ratio should remain the same as if there were no 
degeneration, (i.e., the same as in the circuit of Fig. 5a). 
This is indicated in Fig. 7b. The negative current feed- 
back also reduces the distortion. At high dc operating cur- 
rents, the output of this circuit is equal, or even higher, 
than that of the preceding circuits. The reason is that, at 
high currents, r, is low enough to permit the use of a low 
value of Rg. Once Rg is made lower than R; of Fig. 5a, 
the output current of this circuit becomes higher. The re- 
sults shown in Fig. 7b were obtained with Rg — 4r,. | If 
Rg is made equal to r,, an increase of 12 db in the output 
signal can be expected, with a deviation of 3 db in response 
flatness at frequencies below 50 cps. 


Input Circuits for Capacitive Pickups 


A circuit for use with capacitive pickups is shown in Fig. 


8a. In this circuit, the frequency equalization is obtained 
by connecting a high impedance network, Ry, Rio, Cs, in 
series with the base. For flat response, the sum of Ry and 
Rio is equal to the capacitive reactance of the pickup at 
50 cps; Rio is equal to the reactance of C; at 500 cps; and 
Ry is equal to the reactance of C; at 2000 cps. As the 
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Fic. 8. Circuit for capacitive pickup and its characteristics. 
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. 9. Second circuit for a capacitive pickup and its characteristics. 


connection of high base impedance causes a high output 
noise current, this circuit has a poor signal-to-noise ratio, 
as demonstrated in Fig. 8b. The distortion is high at low 
operating currents, reaches a minimum at moderate cur- 
rents, where the variation in 8 with respect to current is 
low, and increases somewhat at higher operating currents. 
The output signal current, also shown in Fig. 8b, is nearly 
the same as that of the variable-reluctance pickup. It is 
interesting to note that in vacuum-tube amplifiers, variable- 
reluctance pickups usually require one more stage of am- 
plification than do crystal pickups. 

Another circuit for use with capacitive pickups is shown 
in Fig. 9a. This circuit differs from the previous circuit 
in that the frequency equalization is placed in series with 
the emitter instead of the base. The required impedance 
is equal to 1/8 times that used in series with the base in 
the preceding circuit. The use of a smaller external im- 
pedance greatly improves the signal-to-noise ratio, as is 
shown in Fig. 9b. The equalizing network gives a high 
degree of negative current feedback. This kind of feedback 
reduces the distortion of the amplifier when a voltage gen- 
erator is used, but does not reduce the distortion when 
there is an appreciable amount of generator impedance. 
Since the impedance of a crystal pickup increases at low 
frequencies, the distortion at low frequencies may be con- 
siderable (as shown in Fig. 9b). 

The high dc voltage drop across the external emitter 
resistance present in the circuit of Fig. 9a may be reduced 
by connecting a capacitor, C;, across the input, as indicated 
in Fig. 10a. Now the equivalent generator capacitance to 
which the base is connected is increased by (C; + C,)/C», 
where C, is the equivalent capacitance of the pickup. The 
required equalizing impedance in series with the emitter is 
also reduced by (C; + C,)/C,. The dc voltage drop across 
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Rig and Rj, is therefore, much less than that across Rj; 
and Rj» in the previous circuit. 

Although the input-circuit loop impedance is reduced by 
(C; +C,)/C., the equivalent generator voltage is also re- 
duced the same amount. The resulting input current as 
well as output current are therefore the same as in the pre- 
vious circuit. Since the equivalent generator voltage, the 
equivalent source impedance, and the external emitter im- 
pedance are all reduced by the same factor, eq. 1 indicates 
that the signal-to-noise ratio of this circuit will be the same 
as before (shown in Fig. 10b). Since this circuit has a 
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Fic. 10. Third circuit for a capacitive pickup and its characteristics. 


lower source impedance, the distortion is also lower. 

When the value of C; is made much greater than C,, 
the equivalent source impedance is practically independent 
of C,. Pickups with different values of C, may be used 
without changing the equivalent source impedance and the 
frequency response of the amplifier. This is another ad- 
vantage of this circuit. 

Figure 11a shows a circuit for capacitive pickups in which 
the input impedance is made much smaller than the source 
impedance and the current gain is made to vary inversely 
as the velocity response of the recording characteristic. 
These functions are obtained by means of negative feedback 
from the collector to the base. For proper compensation, 

Wr (50 Co) Sat BRi 
Yar (500Cy) = Ris 
Yar (2000Ci0)= Ris 


As explained previously, series negative feedback does 
not change the signal-to-noise ratio of a transistor amplifier. 
As shown in Fig. lib, the signal-to-noise ratios are about 
the same as in the last two circuits. The negative feedback, 


(4) 


however, reduces the distortion, particularly at high fre- 
quencies where the amount of feedback is great. The out- 
put current is proportional to the current gain and inversely 
proportional to the input-circuit loop impedance. In this 
circuit, both the current gain and the input circuit loop 
impedance are reduced. For instance, at 50 cps, the effec- 
tive current gain and input-circuit loop impedance are all 
reduced by a value equal to ¥ 2. The net result is that 
the output signal current is of the same value as the output 
current in the last three cases. This circuit also has the 
advantage that interchanging pickups of different C, does 
not alter the frequency response, so long as the reactance 
of C, is much greater than the input impedance at any 
frequency. 

Judging from the different circuits just described, it ap- 
pears that the preferred circuit for the variable-reluctance 
pickup is that of Fig. 7a and for the crystal pickup that of 
Fig. lla. A complete phonograph amplifier circuit is shown 
in Fig. 12, using a modification of the input circuit of Fig. 
7a in conjunction with the quasi-complementary circuit de- 
scribed by the author in a previous paper.* 
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Fic. 11. Fourth circuit for a capacitive pickup and its characteristics. 


Fig. 1b 


DISCUSSION 


In the foregoing examples, the pickups are all connected 
directly to the input. No input transformers are used. A 
signal-to-noise ratio of between 65 and 75 db is usually 
satisfactory for record reproduction. For maximum signal- 
to-noise ratio, eq. 1 shows that external resistances should 
be kept to a minimum. Since r,,, constitutes a portion of 


3H. C. Lin, “Quasi-Complementary Transistor Amplifier,” Elec- 
tronics, 29, 173-175 (September 1956). 
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Fic. 12. Complete phonograph amplifier with variable-reluctance pickup input circuit. 


Zz, the maximum signal-to-noise ratio, according to eq. 1 is 


= 
N’; (Zy + row) (ine?) # 


If, furthermore, an input transformer is used or the 
number of turns wound on the inductive pickup can be 
changed, there are, respectively, an optimum turns-ratio 
for the input transformer or an optimum number of turns 
for the pickup winding. Let V, and Z, be the V, and Z, 
of either the generator feeding the transformer primary or 
one turn of the winding on an inductive pickup; and let n 
be either the turns-ratio of the transformer or the number 
of turns on the inductive pickup. Then, 


( S ) nV, 

N°; (n?Z1 + row) (ine?) * 
The optimum value of m is that which makes n*Z, equal 
in magnitude to ry)». For wideband operation, where V; 
and Z, may vary by many orders of magnitude, the opti- 
mum value of m should be chosen to yield the best inte- 
grated signal-to-noise ratio. Since the output signal cur- 
rents of an amplifier at different frequencies are usually the 
same, the integrated maximum signal-to-noise ratio is ob- 

tained when the integrated noise-to-signal ratio, 


N \? ‘fo ned fe{ N \? 
(=) =f" =f"(s)@ 
S/; S? S/; 


fi hi 


(5) 


(6) 


(7) 


is minimum, where f; and f. are the lower and upper limits 
of the amplifier, V, is the spot noise output current, and 
S, is the signal output current at mid-frequencies. The op- 
timum value of m can be obtained by solving 


Although the voltage and impedance of commonly used 
pickups need not be optimized to obtain a satisfactory 
signal-to-noise ratio, the discussion presented may be of 
interest to those who are interested in low-level signal 
sources such as tape- or microphone-input circuits. Actu- 
ally, in the low-noise circuits of Figs. 5, 7, 9, and 10, where 
the pickup impedance is much less than the input imped- 
ance but much greater than the sum of the circuit impedance 
in series with the base or the emitter for most of the audio 
frequency range, an increase in m increases the generated 
voltage but decreases the signal-to-noise ratio. Thus, the 
choice of m is a compromise between greater output current 
and better sign-to-noise ratio. 
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TRANSISTOR INPUT STAGE FOR PHONOGRAPH PICKUPS 
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Fic. 13. Hybrid-2 equivalent circuit of a base-input amplifier. 


APPENDIX 


Derivation of Signal-to-Noise Current Ratio 

The hybrid-x equivalent circuit of a base-input transistor stage 
is shown in Fig. 13. The noise current generator is indicated by 
(is?) %. The currents due to the signal generator, V,, are indicated 
by solid arrows, while those due to (i»’.”)*% by dotted arrows For 
the signal generator, the loop equations are 
Tr’ + i,(Z2 + Z,) + i:Ze 
k-th : 
To. (i) 
Im J b’e 
ImT ve 
i, the output signal current is 

gv 


2 Il il u 


From the equations o 


‘= .. ce a 


Tore + (Za + Ze) + BZet Ze 


For the noise generator, the loop equations are 
isZe t+ isfo'e + (Zea + Z,) = 9 
(iy?) %* = i,-i, 
i; = Ny, + is + (t.")% 
Vv e's = igTp* e 
I= = Im Vt e 
Be = Iml v'e 


From the equations of iii, the output noise current is 
_BZs + Z, + Ze) (iv 7)% 
Tre + (Ze + Zy) +pZe+Ze 

Combining Eqs. ii and iv 


¥.= 
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8, L 
— a (v) 
N, (Z_ + Ze + Zz) (in’.*) % 
For the emitter input stage, the equivalent circuit is shown in 
Fig. 14. The loop equation for the voltage is 
Vg =t1 o's + 1. Zp + ie (Ze + Z,) (vi) 
The only difference between eq. vi and eq. i is that Z, can now 
be considered as an addition to Zz, whereas in eq. i, Z, can be con- 
sidered as an addition to Zs. Thus, for the emitter input connection, 
it can be deduced from eq. ii that 
V 
8,= pas (vii) 
Tre + Za + B(Z, + Ze) + (Z, + Zz) 
Similarly for the noise generator, by adding Z, to Ze instead of 
Zz in the derivation 
= B(Ze + Z, + Zz) (iv) % idl 
N.= (viii) 
To's + Zs + B(Zez + Z,) + (Z, + Zz) 
Combining eqs. vii and viii, 
8, Vv 
N;  @Z, + Ze + Ze) (in) 
Note that eqs. ix and v are identical. 
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Fic. 14. Hybrid-+ equivalent circuit of an emitter-input amplifier. 
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E ENORMOUS interest in high-fidelity systems has, 
within a period of only a few years, opened up a market 
of large proportions. Manufacturers are offering such a 
wide variety of high-quality components that the potential 
buyer probably has a difficult time in choosing between 
units and determining which ones can be integrated to yield 
a system best suited to his needs, yet governed reasonably 
by his pocketbook. 

A typical system might initially comprise a_ record 
changer, phono preamplifier, power amplifier and loud- 
speaker, mounted in bookshelves or a cabinet or two. The 
next step would probably add a tuner and elaborate the 
speaker system, followed by the substitution of a transcrip- 
tion turntable and pickup for the changer and the addition 
of a tape recorder. Eventually, such an assortment of 
components will have been amassed that housing them con- 
veniently and making their interconnection in several com- 
binations possible, poses more than an ordinary problem. 
Consideration of the problem must take into account the 
fact that several program sources must eventually find their 
way, in many cases, into only one power amplifier and 
speaker system. To arrange this with a simple switching 
center becomes virtually impossible because of level and 
impedance differences between the various source devices. 
And switching transients encountered in an elementary set- 
up may quite possibly damage the high-frequency loud- 
speakers permanently. 

In a professional recording studio, or in a broadcast 
studio, this same basic need to switch or mix various pro- 
gram sources also exists in even greater complexity. The 
professional solution usually consists of arranging the many 
pieces of equipment in a rack cabinet supplemented by a 
desk-mounted mixer, or mixing console. One man has com- 
plete and flexible control right at his fingertips, and the 
problems of impedance and level differences are reconciled 
in such a way that the switching or mixing is all done at 


* Presented at the Eighth Annual Convention of the Audio Engi- 
neering Society, New York, September 26-29, 1956. 
t Vice-President. 


the same impedance. Any differences in level are compen- 
sated for by the mixing attenuators. 

If a serious survey of the facts and equipment at hand 
discloses the need for intelligent arrangement of the se- 
quence of the home “hi-fi” components in the more elab- 
orate sense, it becomes not only feasible but almost manda- 
tory in the author’s opinion that the professional studio 
approach be the solution. Space for the rack cabinet may 
be found in some convenient closet, or it may be built into 
cabinetry, as illustrated in Fig. 1. A separate control con- 
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Fic. 1 


sole, remotely attached to the rack-mounted components 
while desirable, is rather impractical for the home installa- 
tion. Figure 2 illustrates a rack-mounted mixer, completely 
contained in 1014” of rack space. Controls and amplifiers 
are mounted inside and on the rear of a rack pan only 6” 
deep. It would be difficult to encompass the facilities of 
such a mixer in a smaller space. 

The block diagram of Fig. 3 shows the scope of the mixer 
facilities. The mixer will handle six different input sources 
so as to allow them to be used individually or mixed in any 
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combination to feed both a tape recorder and the monitor 
power amplifier. In the following paragraphs, the system 
philosophy is described. 

The lowest-level device must first be considered in the 
design, to establish the base for overall level requirements. 
In order to avoid the limitations of high-impedance micro- 
phones, and to deliver quality of reproduction on a par 
with other elements in the system, a professional-type low- 
impedance microphone was selected. The output level of 
this microphone was figured at -65 dbm. Such a level is 
probably typical of a pickup where the speaker or the 
singer can be several feet from the microphone, perhaps 
comfortably seated on the living room sofa. This low out- 
put level is brought up to —-17 dbm by the insertion gain 
of the microphone preamplifier, but goes down immediately 


Freotanrmz wee~-z 


to -33 dbm after a nominal loss of 16 db incurred by setting 
the mixing attenuator at about the midpoint of its rotation 
angle. The fixed loss of the mixing network shows that 
the level has now reached -49 dbm. It must be raised 
before the master. gain control is inserted, or the signal-to- 
noise figure will suffer by allowing the system level at this 
point to go lower than microphone level. 


A booster amplifier (actually another preamplifier, 
strapped for low gain) is now inserted so that the level 
feeding the master gain control is back up to -17 dbm. 
Again, a rotation setting of about midpoint inserts a loss 
of 15 db, and the level at the program amplifier input is 
nominally —32 dbm. The gain of the program amplifier is 
such that the losses occurring in the output branching net- 
work are overcome, and the VU meter reads zero with an 
output level of +4 dbm. This has been established as the 
standard output level of professional tape recorders, and 
by the same token is the level required to drive the bridg- 
ing input of a recorder or monitor amplifier. 

The output circuits of “hi-fi” preamplifiers and tuners 
generally are low-impedance cathode followers, a feature 
which allows them to be placed at some distance from the 
next component in the system chain. However, since they 
are unbalanced to ground, and because they cannot be 
loaded directly by a 600-ohm resistive circuit, inputs 1 and 
2 of the mixer look into a bridging transformer. These 
coils do not load the cathode follower. They impose a 
bridging loss which lowers the phono preamplifier and tuner 
output level so that it is approximately the same value at 
the mixing control as the output of the microphone pre- 
amplifiers. Input 3 looks directly into a mixer control be- 
cause the specific shortwave tuner provided a 600-ohm low- 
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level transformer output. Input 4 contains a 20-db loss 
pad to reduce the line-level output of the tape machine so 
that again, the nominal setting of the mixer pot is at about 
midpoint. 
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In Fig. 4, a rear view of the mixer mounting pan shows 
the plug-in amplifiers as they hang vertically when the 
mixer is in the rack. The power supply is placed away 
from the mixer to eliminate induced ac fields. All wiring 
is shielded and concealed within the mounting pan. A flexi- 
ble pigtail connects the panel-mounted components with 
their associated amplifiers so that the panel may be readily 
demounted if interior access becomes necessary. Inputs 
and outputs appear at three-pin microphone-type connectors 
with lock latches. 

The general view presented in Fig. 1 shows a typical 
large home control center which has been given professional 
treatment in its design. The rack is exposed to general 
view, although built into custom cabinetry. Associated 
built-in program sources are situated close by. 

The rack contains a typical “hi-fi” AM-FM tuner which 
has been mounted on a standard 19-in. rack panel. Just 
below is a 6-position, 2-channel stereophonic mixer, and 
below that, a program equalizer and filter. A jack field 
completes the visible lineup and affords complete flexibility 
in interpatching the various pieces of equipment. All in- 
puts and outputs of the mixer appear on the jack field and 
are normalled to the appropriate units. It was not deemed 


necessary to bring the individual mixer amplifiers out to 
In the event of failure, spares are available, and 


jacks. 


STEREO CHANNEL |. Bow 
eon 
PUONES 


MONITOR Buse 


@O<«anrz Pmx-z 


STEREO CHANNEL 2. buss 


606 
PHONES 


+4 
MéHITOR BUSS 


? 
4 i eeeerrC CS 
| Nea 
; F % a 3 >, e 7 4 a me peers 7 ; a 
. aa “° ee 
4 a : & ft Wy a f Cadd 
: » hey . s Pe 
; * a G 4 7) 
Bee, Se f 
. . aN '/) 
“Bang ? ~ my 
. vie SRR ON rae 
Fic. 4 
1 ‘ e 
Mini DP | ae oe vu) 
é f~ - -20 
- of 7, . 
e PuoNo 1 ee 20 ee bs aa re 
| ={ aan 
: povek * ~e PF 
es a a 
a TAPE * oe } ° +4 2 
he Teacn 1 © te ' 
fis all 
“s - 
E: psatootins HPI 
€ , 4 _ 
Ne ‘ « 
a wo TO NG It Gey - 
Z mee Dab eS Ee . 
3 ca 1. 
: oe a 
: PHONO 2 BDG “48 “+ id + a 
“18 
; * P PSS 
F PM TUNER ~~ Pe 
“le 
; MG 
; TAPE 04 _ — 
: onan La  * cet 
. NSVY AC Gow 
Fic. 5 


A PROFESSIONAL APPROACH TO HOME-RECORDING SYSTEMS 179 


may be plugged in in a few seconds. The rack cabinet is be patched into the mixer output line if touching up is re- 
on a base dolly, and pulls out of its niche easily and quickly. quired for older discs. Binaural discs can be accommodated 
Power amplifiers and power supplies are situated in the by using both transcription inputs together. 


lower sections. 


Figure 5 is the block diagram for the stereo mixer. It 
is also contained completely on a 10% in. X 19 in. panel 
and associated amplifier mounting pan; and Fig. 6 illus- 
trates the interior layout and accessibility for maintenance. 
It will be seen that in this case the mixer is split into two 
3-position sections, each section being a duplicate of the 
other. 

All inputs are designed for stereo, although of course 
they can be used for single-channel operation as well. On 
each mixer is a microphone input, interchangeable with a 
low-impedance phono cartridge. When the appropriate 
pushbutton switch is depressed, the inputs are interchanged 
and the transcription equalizer following the preamplifier 
is inserted in the line. This is a 600-ohm network having 
a fixed RIAA playback curve. The program equalizer can 


There are two tuner inputs, so that simultaneous AM-FM 


broadcasts may be mixed. Two identical tape inputs con- 
nect to the separate tracks of a stereo tape playback. 
Naturally, there must be two isolated outputs, and the 
components follcwing the mixing networks serve to bring 
the output back to line level. Self-contained monitor gain 
controls have been included, as the power amplifiers are 
inaccessible within the rack cabinet. Their input controls 
have been set at a point which allows adequate control of 
volume from the mixer panel. Two VU meters accurately 
monitor output levels, and eliminate the possibility of over- 
loading the inputs of the items of equipment following the 
mixer output. 

A group of four cumulative lock-in pushbuttons are cen- 
trally located above the mixer attenuators. These are the 
microphone-transcription transfer switches, and are of the 
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very dependable leaf-spring pileup construction as in a tele- 
phone lever key. The fourth button serves as the release 
station, but it is the third button whose function deserves 
a separate description. 

When this button is depressed, the lower, or second chan-. 
nel is fed back into the upper mixing network through a 
loss pad which equalizes levels appropriately. Here is a 
means for combining the 2 mixers into one of 6 positions. 
Channel 1 master gain control becomes the overall master 
gain, and Channel 2 master gain may be used as a sub- 
master. 

There are a number of ways in which this feature proves 
valuable. For example, a stereophonic tape can be fed to 


a single speaker, or additional units of equipment can be 
patched to the input jacks of the various mixer positions 


ERHORN 


to expand facilities for monaural use. If two transcription 
arms are available, one disc may be “segued” with another, 
or tape and disc similarly combined. Other uses of this 
feature will no doubt occur to the reader. 

The subject of cost has been deliberately ignored, since 
professional mixer components are far from inexpensive. 
However, it is conceivable that when a given system has 
been expanded to the point where consideration must be 
given to the approach discussed here, the problem of finance 
can be only a little worse than that posed earlier in the 
chain of acquisition. 

Neatness of appearance, unlimited flexibility in the use 
of all the “hi-fi” components, and pride of possession should 
be adequate compensation for time and money spent in 
making this professional approach a ‘reality. 
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Transistorized Microphone Preamplifier and Remote Broadcast 
Mixer-Amplifier® 


Wiuiam D. Bevitt 


CBS-H ytron,+ Danvers, Massachusetts 


The audio engineer may apply transistors advantageously to portable, battery-operated equip- 
ment. The application of junction transistors to a microphone preamplifier and to a remote broad- 
cast mixer-amplifier is described. The principles and techniques employed are also applicable to 


other audio devices where high gain and high efficiency are required. 


It is felt that although 


transistors may not replace vacuum tubes in applications where size, weight, and battery operation 
are unimportant, in special applications like those described in this paper, transistors have a definite 


place in audio equipment. 


UNCTION TRANSISTORS possess certain definite ad- 

vantages when compared with vacuum tubes. These 
advantages include small size and weight, mechanical rug- 
gedness and freedom from microphonics, and superior effi- 
ciency when used as class A and class B amplifiers. 

As distinguished from vacuum tubes, there are two types 
of junction transistors each exhibiting a different kind of 
conduction: One is the PNP transistor, in which conduc- 
tion is principally by positive charges or “holes.” The 
other is the NPN device, in which conduction is chiefly 
by negative charges or electrons. With respect to polarities 
of amplifier operating voltages, the PNP transistor normally 
has its emitter biased positive and its collector negative 
with respect to its base. However, the NPN unit normally 
has its emitter biased negative and its collector positive 
with respect to its base. Further reference to these two 
types of junction transistors will be made later. 

In small-signal applications, the vacuum tube is essen- 
tially a voltage amplifier, whereas the transistor is a current 
amplifier. The vacuum tube requires relatively high input 
voltage and draws negligible input current from its opera- 
tion; the input impedance of the vacuum tube is high. The 
transistor, on the other hand, requires low input voltage 
and draws comparatively high input current (as against a 
vacuum tube) during operation; the input impedance of a 
transistor is low. 


* Presented at the Seventh Annual Convention of the Audio Engi- 
neering Society, New York, October 12-15, 1955. 
t Division of the Columbia Broadcasting System. 


The transistor is a “natural” for compact, battery-oper- 
ated devices. This paper will describe the application of 
junction transistors to a transistorized microphone and a 
mixer amplifier. The principles are also applicable to other 
audio devices where high gain and high efficiency are re- 
quired. 

Until recently carbon microphones were used widely in 
aircraft inter-communication systems. Although the carbon 
microphone offers comparative simplicity and a high-level 
output signal, it has serious disadvantages. Deterioration 
causes difficulty in getting good intelligibility. For example, 
after a carbon microphone has been in service in an air- 
craft for about a week, when the microphone is shaken, the 
output may change by as much as 6 db. Also, the single- 
button carbon microphone produces sufficient distortion to 
create cross modulation. 

One approach to this problem is to employ a dynamic 
microphone. However, this device has the disadvantage of 
low output-signal level and thus requires a preamplifier. If 
vacuum tubes are utilized, the preamplifier is apt to become 
so large that it must be located in the main power amplifier 
chassis or jack-box, with the attendant risk of stray pickup 
or noise in the cable between the microphone and the pre- 
amplifier. Here is an application where the advantages of 
transistors may be utilized to the fullest extent. Tiny 
transistors have made it practical to build a combination 
microphone and preamplifier into a package no larger than 
the carbon-microphone element. Transistors operate from 
low-voltage sources and need no heater power, making it 
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Fic. 1. Commercial transistorized microphone. 


possible to operate the preamplifier from the same 28-volt 
dc source normally employed with the carbon microphone 
in the aircraft. 

Figure 1 shows a commercial transistorized microphone 
which is completely interchangeable with a type T-17 car- 
bon microphone. Figure 2 compares the relative output 
power versus frequency of the transistorized microphone 
with that of the T-17 carbon microphone. At 1000 cps the 


former exhibits nearly 2 db more power output than the 
latter. The frequency response of the transistorized micro- 
phone is also better than that of the carbon microphone, 


especially at the higher frequencies. The former has a fre- 
quency response of +6 db from 500 to 6000 cps, with a 
6-db-per-octave falloff below 500 cps. 

The output of the transistorized microphone is about 0.8 
volt rms at a sound pressure of 100 dynes per quare centi- 
meter and at a nominal dc supply voltage of 28 volts. How- 


° 


TRANSU 
MICR( 


°o 
. 
w 


RELATIVE OUTPUT POWER 


nN 
° 
° 


400 800 IK 2K aK 


FREQUENCY - CPS 


Fic. 2. Comparison of relative output power versus frequency of 
transistorized (“Transluctance”) microphone and T-17 carbon micro- 
phone. 
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ever, if the supply voltage drops to 15 volts, the output is 
down only 2 db. 

Figure 3 shows the preamplifier unit. Two PNP junc- 
tion transistors provide 39 db of power gain in a circuit 
specially designed to afford suitable impedance matching 
and peak clipping. Both the input and output impedance 
of the amplifier are 150 ohms. For strength and compact- 
ness, this unit has miniature components assembled on a 


PRE-AMPLIFIER 


Fic. 3. Preamplifier unit of transistorized microphone. 


copper laminate base, which is etched to provide inter- 
connections in the well-known printed-circuit technique. 
The entire unit is plastic coated to provide an airtight and 
watertight seal. 

Junction transistors have also made possible the design 
of a truly compact and lightweight two-channel mixer 
amplifier for field pickup of broadcasts and recordings. 
Figure 4 shows such a device in final form. The unit is only 
7% in. long, 3% in. high, and 2% in. deep; its weight is 
only 3 lb, including the self-contained batteries and a 
leather carrying case. Two Cannon XL-3-13 microphone 
input receptacles are located on the lefthand side of the 
top of the unit. On the front panel are found the on-off 
power switch, the channel 1 and channel 2 volume controls, 
the master gain control, and a VU meter for visual monitor- 
ing of program material as well as for reading the battery 
voltage when the pushbutton on the top is depressed. A 
phone jack for aural monitoring with headphones is located 
on the top. The output is taken from two spring-loaded 
binding posts on the top. The power requirements are sup- 
plied by two mercury batteries which have a total emf of 
13 volts. 
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TRANSISTORIZED MICROPHONE PREAMPLIFIER AND MIXER-AMPLIFIER 


Fic. 4. Transistorized two-channel mixer-amplifier. 


Figure 5 shows the relative size and weight of this tran- 
sistorized mixer-amplifier compared with a standard vac- 
uum-tube remote two-channel mixer-amplifier. The latter 
occupies 500 cu. in. and weighs 13 lb. To operate inde- 
pendently of the ac power line, like the transistor version, 
a battery box having 680 cu. in. and 22 lb weight is required. 
The total volume and weight are thus 1180 cu. in. and 35 
Ib respectively, compared with 55 cu. in. and 3 lb for the 
transistorized mixer-amplifier. The volume of the latter is 
hence approximately one-twentieth, and the weight about 


one-twelfth that of the vacuum-tube amplifier. This com- 


VOLUME RATIO = 1/20 APPROX. 


WEIGHT RATIO= [712 APPROX. 
1180 CU. IN. 


35 LBS. 
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680 CU. IN 
22 LBS 


500 CU.IN 
13 LBS. 3 LBS. 


| V-T MIXER 
AMPLIFIER [mer] 


55 CU.IN. 
BATTERY 


BOX 


Fic. 5. Relative size and weight of vacuum-tube mixer-amplifier 
and transistorized mixer-amplifier. 


parison is not entirely fair to the vacuum-tube amplifier, 
since it has a better frequency response, due to larger-size 
audio transformers. 

Figure 6 gives the frequency response of the transistor- 
ized mixer-amplifier. The response is down 3 db, from its 
1000-cps value, at 100 cps at the low-frequency end and 
at 10,000 cps at the high-frequency end. Although this 
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frequency response represents a compromise, the author 
considers it entirely adequate for the field pickup of “on- 
the-spot” interviews, and for feeding telephone lines, tape 
recorders, and public address systems. : 

Figure 7 is a block diagram of the mixer-amplifier. The 
input impedance of the two channels is either 50 or 250 
ohms, as specified by the customer. The mixing is at a 
high level. Each of two input signals is amplified by a 
low-noise preamplifier. This is followed by the volume 
controls for channel 1 and channel 2, the low-noise mixer, 
master gain control, driver, output stage, and VU meter. 


FREQUENCY RESPONSE 


° 


FREQUENCY RESPONSE IN DB 


20 100 1000 10000 
FREQUENCY IN CYCLES PER SECOND 
Fic. 6. Frequency response of transistorized mixer-amplifier. 
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The output impedance is 600 ohms to work directly into a 
telephone line or tape recorder. The output level is 1 milli- 
watt average, corresponding to 0 dbm, or 10 milliwatts 
peak, representing 2.5 volts output. This level is sufficient 
to make shielded cable unnecessary; we find “twisted pair” 
adequate for feeding the telephone line, tape recorder, or 
other similar device. The gain of each channel is greater 
than 90 db, permitting low-gain microphones to be em- 
ployed. With a -60 dbm microphone supplying 0 dbm to 
the output load, a signal-to-noise ratio of 60 db is obtained. 

All transistors, except that in the driver stage are of 
PNP type. The NPN transistor in the driver stage tends 
to keep the overall gain constant with temperature, since 
NPN transistors exhibit a change in current amplification 
factor, or beta, with temperature that is opposite to that of 
PNP transistors. This mixer-amplifier is designed to oper- 
ate satisfactorily at temperatures up to 115° F, which cor- 
responds to about 46° C. 

We find the peak distortion to be 2.5%, which includes 
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0.5% distortion caused by the VU meter. The average 
distortion is less than 1%. This low distortion is obtained 
with a minimum of negative feedback by the simultaneous 
use of two techniques. 

Figure 8 is a plot of current amplification factor, beta, 
versus collector current, /,. Beta represents the current 
amplification factor in the common-emitter circuit. The 
driver stage is operated at point X and the output stage 
at point Y. Since the beta slopes are opposite at X and 
Y, there is a partial cancellation of the nonlinearities of 
both stages. Figure 9 gives the basic circuit of the output 
stage. For dc stabilization of the operating point, it utilizes 
a circuit consisting of a voltage divider across the power 
supply batteries and an emitter resistance. This resistance 
is a potentiometer; a bypass condenser is connected be- 
tween the arm and ground end of the potentiometer. Nega- 
tive feedback is obtained in proportion to the amount of 
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Fic. 8. Plot of current-amplification factor, beta, versus collector 
currem, Je. 
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Fic. 7. Block diagram of the mixer-amplifier. 
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Fic. 9. Basic circuit of mixer-amplifier output stage. 


emitter resistance which is left unbypassed. The potenti- 
ometer is set by a screwdriver for minimum distortion. 
The above combination of methods gives a distortion fig- 
ure, with 3 to 6 db of feedback, that normally would require 
15 to 20 db of feedback. The reason the usual external 
feedback—from output end to input end of the output 
stage—cannot be employed is that the load may be capaci- 
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TRANSISTORIZED MICROPHONE PREAMPLIFIER AND MIXER-AMPLIFIER 


tive or inductive in nature with the possibility of additional 
phase shift which could cause oscillation. 


CONCLUSION 
Although transistors may not replace vacuum tubes in 
many applications where size, weight, and battery operation 
are unimportant, in special applications like those described 
in this paper, transistors have a definite place in audio 
equipment. 
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Theory of the Bridge Amplifier 


JoHN VAN HEIJENOORT* 


Washington Square College, New York University, New York, N. Y. 


5 ec BASIC configuration of the bridge amplifier is given 

in the accompanying diagram. Four identical tubes are 
connected as indicated. R is the load resistance. AC in- 
put voltages e;, —¢2, —€;, and é are impressed, respectively, 
on the grids of V;, Vo, V3, and V4. 

Variants of the bridge amplifier have been described by 
Howard L. King' and Kerim Onder.? The driving voltages 
can be obtained in a number of ways, but we are not con- 
cerned with this aspect of the problem here. A common 
cathode resistor may also be used for the lower tubes in 
order to secure the proper voltage relationship between the 
bridge amplifier and the driving stage, although the same 
result can be obtained by using two cascaded power sup- 
plies. 


* Associate Professor of Mathematics. 

1 King, Howard L., U. S. Pat. No. 2,590,104. 

2 Onder, Kerim, “A New Transformerless Amplifier Circuit,” Jour- 
NAL OF THE AUDIO ENGINEERING Society, 1, (October 1953). Also, 


“Audio Amplifier Matches Voice-Coil Impedance,” Electronics, 27, 
176-179 (February 1954). 


We denote the plate resistance of each of the four tubes 
by r,, their amplification factor by », the voltage across the 
load by E. As a first approximation, we assume linear op- 
eration—that is, we write the equation 

AE, = r, Al, — pAE, 
for each tube, and we then solve these four simultaneous 
linear equations. We thus obtain 
r= 2uR (€1 + €2) (1) 
(u+2)R + 2r, 

In order to minimize distortion from asymmetrical clip- 
ping, it is natural to require that the lower and upper 
tubes deliver equal power. This implies that 


E 


€2—-€,; = — 


(2) 


There is some cathode degeneration in the upper tubes, 
while the cathodes of the lower tubes are at a fixed poten- 
tial. Hence, it is convenient to write E and és in terms of 
€,, assuming that the condition in eq. 2 is always satisfied. 
Combining eqs. 1 and 2, we obtain 


ee 2per 


(3) 
R+1r, 
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Rut +r 


R+1r, 
The significance of eq. 3 is that, as long as condition of 
eq. 2 for minimum distortion is satisfied, the bridge ampli- 
fier is equivalent to a generator with electromotive force, 
2 pty S08 RE SENN, Pe Therefore, when R is equal to r,, the effective load line 
HR te matched & ty, op. 5 and 4 Soceme for each tube corresponds to a eidenasict, r,. This gives a 
(5) rather steep load line, and the first point to locate when de- 
(6) signing a bridge amplifier on plate-current-vs-plate-voltage 
curves is the maximum instantaneous plate current on the 
curve E, = 0. From that point, a load line is drawn with 


e1 (4) 


€2 


E 
For tube V;, a plate-voltage change of = corresponds to 


1 
slope —. Some adjustments are necessary because r, varies 


a grid-voltage change, ¢;, and the plate-current change, A/, Ff. 
is such that with the quiescent point chosen. 


O B- 


Basic configuration f the bridge amplifier. 
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Reeves Sounp Srupios, Inc. 
Reeves SOUNDCRAFT CorPORATION 
Rex-O-Kut Company 

SnHure Brorners, INc. 
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